
ARRL
225 Main Street
Newington, CT USA 06111-1494

The national association for
AMATEUR RADIO

$5



The HL-450B has a built-in auto band-select function. It uses a newly 
developed micro-processor based technology, and works a smooth 
automatic operation when driven by RF from the radio in either SSB 
or CW mode. In addition, manual band setting is possible as well. 
It is designed to be “user friendly”.

� Since the HL-450B is compatible with our optional external remote 
controller (HRC-60), operation is possible from remote locations, 
if plugged into the socket at the rear panel.

� The HL-450B is equipped with a hard-key terminal to allow precise 
send / receive switching with the radio. Built-in ALC circuit 
helps suppress excessive output and avoid the signal distortion.
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shut down.

� The large analog power meter is easy 
to read and the output can always be 
monitored.

Micro-processor 
Based Technology!

Western US/Canada
1-800-854-6046

Mountain/Central
1-800-444-9476

Southeast
1-800-444-7927

Mid-Atlantic
1-800-444-4799

Northeast
1-800-644-4476

New England/Eastern Canada
1-800-444-0047

Built-in functions
1. Send / receive switching 

terminal (hard key) 
2. Protection circuit (antenna 

SWR, over-current, over-voltage, 
over-drive, over-temperature, 
band mis-set)

3. Output power meter
4. ALC terminal
5. External controller (HRC-60, 

optional) terminal.

Optional Remote 
Controller

New High Power for your 
Mobile, RV and more!

Another Fine 
NEW PRODUCT 

from 
TOKYO 

HY-POWER!

Specifi cations
Freq. Band:
All HF amateur bands of 3.5 - 28MHz 
Operation Mode: 
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SSB (PEP) / CW 400W max. 
350W typ., 300W min. 
RF Input
50W
DC Power Supply
DC 13.8V 60A max. 
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50 ohms 
Final Transistor
THP - 120 x 4 
Cooling System
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Empirical Outlook
In the last couple of issues I’ve mentioned my goal of encouraging readers to write articles 

for QEX. This includes finding new authors, as well as getting previous authors to share more 
of their work. I’ve been talking with quite a few readers and even some potential authors who 
don’t presently read QEX. One theme seems to keep coming up. Many experimenters and 
builders just don’t like writing about their work! Some people have told me that this may be a 
trait being taught in engineering schools. Actually, I doubt that is true, but I could believe that 
schools aren’t really teaching how to write.

When I was a high school student oh so many years ago, and then as a physics major in 
college, my science teachers and college professors seemed to think it was important to write 
a fairly detailed summary/report about any laboratory experiment we carried out in class. 
Perhaps that is why, when I was teaching high school physics, I also placed quite a bit of 
emphasis on writing clear reports.

I have never really considered myself to be a writer, although after more than 26 years as an 
ARRL technical editor, I have written quite a bit of material. I will even admit to enjoying an oppor-
tunity to put fingers to keyboard, although sometimes it can be quite challenging to clearly express 
my ideas. (For those of you wondering what I’m talking about right now, I rest my case.) 

How should you go about writing a QEX article? Well, to start, I’ll bet that virtually every 
experimenter and engineer keeps some type of notebook, with at least some sketchy notes 
about circuits tried, what worked and what didn’t, as well as a schematic of the final working 
circuit. Those notes should form the basis of an article. If your notes don’t serve as a good 
reminder of what you’ve done, then keep better notes the next time you start a project! Keep 
track of what you have done, how you reached milestones along the way, and how you solved 
various problems. 

I seem to be talking only about construction-type articles at this point, but that isn’t true. You 
might want to write a theoretical discussion or explain some technical point to our readers. A 
good starting point would still be to make some notes about the issues you want to discuss, 
the background reference information you want to review or the theoretical viewpoint you 
want to present. An outline format can be very helpful in organizing your thoughts.

Your manuscript doesn’t have to be in impeccable English. The important thing is to provide 
us with an article that is technically correct and complete, with all relevant information. Now 
I’ll admit that I prefer articles written in something close to proper English, but part of my job 
as Editor is to ensure that we follow most of the rules of grammar, and that the article flows 
in a manner that I hope makes it enjoyable to read. One technique that many authors find 
helpful is to ask someone else to read the article and give them some feedback. Another good 
technique can be to read the article out loud. If it doesn’t sound right, it probably isn’t.

You may have noticed that photos and figures in QEX articles are all called Figures, and 
that we refer to them in numerical order in the text. It would be very unusual to begin with a 
reference to Figure 10, then Figure 4, and so on in a rather random order. If that is the way 
your text flows, then perhaps you should consider either reorganizing the text topics or 
renumbering the Figures. The same comments apply to Notes or Footnotes in an article. The 
first reference to a Note is always in numerical order. It is okay to refer back to an earlier Note 
later in the article, of course.

Can you organize your material that way? Then you can write a QEX article! It really is just 
about that simple. There are more guidelines to writing an article and preparing a manuscript 
on the QEX Web site, www.arrl.org/qex. That “Author’s Guide” always needs some updates, 
but it will give you some good general ideas. Of course we prefer to receive article manu-
scripts electronically. If the article is too large to e-mail to us, you can put it on a CD and send 
that through the mail. 

Some authors seem to believe that writing an article includes formatting the text in a “cam-
era ready” form. I suspect that some potential authors may even be put off by the thought of 
trying to present an article that looks like the pages of QEX. Unfortunately, when an article is 
submitted with the text formatted in special ways, and graphics elements are embedded into 
the manuscript file, it creates more work for everyone, including the author. Our professional 
typesetting software (Adobe InDesign) needs separate text and graphics files. Our Graphics 
artists take virtually every drawing submitted for an article, and create a new drawing in the 
format and using the standard drawing symbols used in all ARRL publications. In other words, 
we can’t use the formatted files.

We use Microsoft Word to prepare a manuscript file. This is a text file, with no graphics. Tables 
and Figure captions are included at the end of the file, or could be separate files. We can prob-
ably work from any word processing program you are using. If not, we may ask you to convert 
the file to rich text format (.rtf). Even if you have never written an article for publication, give it a 
try. You may find that you have a real knack for writing, and even come to enjoy it!



  QEX – Mar/Apr  2008 3 

NUE-PSK Digital Modem 
Enables PSK31 field operation… without using a PC! 

Milt Cram, W8NUE  and George Heron, N2APB

PSK31 is one of the latest communica-
tions modes to capture the interest of hams 
worldwide. Its inherent ability to dig out low, 
nearly inaudible signals is ideally suited for 
low power, QRP, enthusiasts. The PSK31 
digital modem engine, however, requires 
intense digital signal processing (DSP) that is 
only commonly available in PC sound cards. 
Thus, the PSK operator desiring portability 
for field operation is locked into using a lap-
top computer as a controller, which results in 
a cumbersome station. But there’s hope! 

This article presents the design and con-
struction of a stand-alone, battery-operated 
digital modem using a Microchip dsPIC 
microcontroller. The project includes a 
graphic display for transmit and receive text 
data, as well as a band spectrum and tuning 
indicator. Using GPL open source software, 
the modem can be homebrewed for less than 
$80. When coupled with an SSB-capable 
transceiver or with a popular PSK-xx trans-
ceiver board from Small Wonder Labs, you 
too can have an effective portable PSK31 
station. 

Background 
PSK31 was introduced in 1998 to the 

ham technical community at large in RSGB’s 
RadCom magazine.1 Hams could get on the 
air with this digital mode using a dedicated 
(expensive) DSP card, a crude DOS control 
program for entering/displaying messages, 
and interface cables for connection to the 
station SSB transceiver. Later, a brilliant PC 
program was developed (DigiPan) that used 
a panoramic graphical display to show all 
signals occurring within a band segment, and 
print received messages on the PC screen.2
This was an astonishing improvement in 
the user interface for PSK31! Later in 2001, 
Dave Benson, K1SWL, designed a single 
board PSK31 transceiver kit (PSK-20) that 
required no physical tuning, and when used 
with DigiPan running on a PC, it made a 
quite compact PSK31 station.3

Even with these clever hardware and 
software designs, however, there still was 

room for improvement. The sound card in 
a laptop or PC is still needed for the intense 
demodulation requirements of the PSK algo-
rithm. If you were to use a modern laptop for 
that computing power, taking an expensive 
and delicate computer into the field is a hair-
raising experience. It is difficult to see the 
subtle spectral lines or the screen text data 
when viewing a laptop LCD display in the 
bright sunlight of a mountaintop QSO. Then, 
only if your laptop battery lasts long enough 
to enjoy the fun of operating PSK out in the 
open, and if you can see the laptop display in 
the bright sunlight, and if you feel like lug-
ging that expensive laptop out into the harsh 
elements, you could indeed operate PSK31 
in the field — but what an ordeal! 

PSK MODULATION-
DEMODULATION OVERVIEW 

We will not go into great depth concern-
ing the theory and operation of PSK. In this 
paper we’ll first overview the PSK31 encod-
ing scheme, followed by the more demand-
ing decoding scheme. 

Note that while the NUE-PSK project 
focuses on the generation and decoding of 
PSK31, it is generally known that PSK31 is 
merely one of many modulation techniques 
within the “phase shift keying” family of 
communication techniques. PSK31 operates 
at 31.25 bits/second, while other speeds may 

be achieved using slight algorithmic varia-
tions. PSK is perhaps more accurately termed 
BPSK, for bi-phase shift keying, whereby 
two distinct phase states separated by 180° 
are used to convey the information. Four 
states may also be encoded/decoded, as is 
done with QPSK (quad-phase shift keying), 
in order to provide higher speeds and the abil-
ity for better error correction methods. 

We will primarily describe the topic of 
PSK31, yet understand that some of these 
other modes can also be achieved with the 
same hardware and software used in NUE-
PSK. 

Modulation (PSK31 Encoding) 
The PSK31 modulation algorithm is quite 

straightforward and could even be imple-
mented on a conventional PIC-like device 
(one without a DSP core). This was done in 
several projects over the years within the QRP 
community; see, for example, the PSK31 
Beacon project from the NJQRP Club. 

Summary of the encoding steps: 
1) Varicode encoding of the input text 

character stream coming from the keyboard 
to create an optimized bit-representation of 
the text; 

2) BPSK serialization of the Varicode 
character to create the proper sequence of 
phase changes in the waveform based on the 
bits in the Varicode; 

3) Form the wave shape from the com-
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bination of phase changes coming from the 
serializer, being careful to reduce the power 
level to zero when the 90° phase changes 
occur, thus reducing the bandwidth of the 
transmitted PSK signal. 

These steps are all performed by a dsPIC 
processor, per the functional block diagram 
shown in Figure 1. As ASCII characters 
are produced by a keyboard, they are first 
converted to Varicode encoded characters 
using a lookup table. A string of binary 
bits, the length of which is variable (hence 
“Varicode”), is generated from the table. 
The strings of bits are then used to drive a 
differential phase state machine, which uses 
predefined tables to modulate the amplitude 
of the quadrature outputs (sine and cosine 
waveforms) of a numerically-controlled 
oscillator (NCO). The sine and cosine codes 
are derived from a lookup table to produce 
the NCO carrier. 

The two quadrature oscillator signals 
are multiplied by amplitude functions, as 
determined by the phase state machine, and 
the resulting channels of data are added to 
produce a digital version of either a BPSK 
or QPSK signal. Although a simpler scheme 
could be used for BPSK alone, this method 
has the advantage that it can also generate 
QPSK. This digital stream of data is then 
sent to a digital to analog converter (DAC) to 
produce an audio carrier with BPSK/QPSK 
modulation. The output of the DAC is sent 
to the transceiver audio input for conversion 
to RF. 

Demodulation (PSK Decoding) 
Whereas the encoding process described 

above is pretty straightforward, the PSK 
decoding algorithm is significantly more 
complex and computationally demanding. 
This may be why there have been so few 
homebrew standalone PSK demodulator 
projects in the ham community. The PC 
sound card is clearly the easiest way to pro-
vide the intense DSP processing needed for 
decoding PSK; hence PC-based PSK31 pro-
grams abound. 

This is where the stand-alone (PC-less) 
NUE-PSK project excels — it is able to inde-
pendently handle the complex PSK decoding 
algorithm in real time, thus providing the first 
truly portable digital modem for hobby use. 

Follow Figure 2, the PSK demodula-
tion block diagram, as we walk through the 
decoding steps. 

Summary of the decoding steps: 
1) Receiver audio is sampled at 8 kHz, 

creating a digital floating point representation 
of the audio stream. 

2) Data is fed into a 512 point Fast Fourier 
Transform (FFT) for display, tuning and 
visual signal monitoring purposes. 

3) The audio floating point data stream is 
converted to a baseband signal centered on 
the operating frequency. The NCO generates 
sine and cosine signals and multiplies them 
with the audio stream to produce I (in phase) 
and Q (quadrature phase) data streams. 

4) The I and Q data streams are decimated 
by 16 to reduce the sample rate to 16 times 
the signal BW. The final sampling rate then 
is 8000 / 16 = 500 Hz. [In digital-signal-pro-
cessing speak, to decimate a signal by some 
number, n, you keep every nth sample, throw-
ing away all of the other samples.—Ed.]

5) A 65-tap “matched bit” finite impulse 
response (FIR) filter is applied to produce 
a magnitude response for best signal to 
noise ratio (SNR) for data extraction, and 
to minimize inter-symbol interference (ISI) 
presented in the signal path and in the receive 
filter. 

6) AFC is performed to lock on the 
incoming signal frequency by using another 
FIR with BW = 31.25 Hz. 

7) AGC is accomplished by computing 
the average signal magnitude from the I and 
Q data streams. Infinite impulse response 
(IIR) filters are selected to provide either 
slow decay or fast attack settings. 

8) Frequency error detection is done by 
scanning the FFT data within the capture 
range while looking for the nearest peak. 
Also, a wide range AFC algorithm is per-

formed by calculating the slope and moving 
the NCO to place the peak at the center. 

9) Symbol synchronization is done by 
finding the center of each symbol in order 
to sample at the optimum time. There are 16 
samples per symbol at 500 Hz intervals, so 
each sample energy is IIR-filtered and stored 
in an array. The array elements with the most 
energy are selected as the center of the data 
symbol at each symbol period of 32 ms. 

10) Squelching is done by taking the his-
togram of incoming signals and considering 
the spread (difference angle, or arctangent 
of Q / I between each sample) around 0° 
and 180° as a measure of signal quality. The 
narrower the spread, the stronger and more 
coherent the signal. 

11) Symbol decoding is the last step, 
whereby we convert the I and Q signals back 
to two possible symbols by using the differ-
ence angle (<90° = 1, >90° = 0). The resul-
tant symbols are shifted into a register until 
the inter-character mark (2 or more zeros) is 
found. The shift register is then used as an 
index into a reverse Varicode table containing 
the originally transmitted characters. 

These eleven algorithm steps can be fol-
lowed in the block diagram of the demodula-
tion process.

The Path to a Design
After operating with the limitations of 

using a laptop in the field, we decided that 
we wanted a PSK station that did not require 
the use of a PC in any form. We wanted 
something that would be very portable and 
compatible with QRP operations, providing 
many hours of operation from batteries. The 
project described in this article is a result 
of this desire — but it took a little time for 
advancing technology to pave the road. 

The initial efforts to develop a “portable 
PSK” controller began about eight years ago 
with a reproduction of the original G3PLX 
approach described in RadCom, but with a 
more current DSP card providing the horse-

Figure 1 — PSK modulation block diagram.
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Table 1
NUE-PSK Digital Modem Parts List 

Designator QTY Description Source P/N

power for the PSK31 engine. The design also 
included a novel Morse user interface and 
tight coupling to the PSK-20 transceiver. The 
project was documented in the QRP litera-
ture and was presented at ham conferences, 
but ultimately it was too complex and fragile 
for wide-scale use.4 See Figure 3.

The next approach we considered was 

based on the use of low power DDS (direct 
digital synthesis) chips for generating audio 
tones with the proper phase modulation. A 
multiplying DAC was used for modulating 
and shaping the amplitude of the tones, and 
a microcontroller was used to demodulate 
the PSK and display the resulting characters. 
Analog filters were used for filtering the 

PSK signal ahead of digital processing in the 
microcontroller. The analog filters, however, 
proved to be too bulky and difficult to design 
when trying to use standard-value compo-
nents. Such filters also cannot provide the 
same level of performance as can be obtained 
with digital filters. Eventually this approach 
was also abandoned. 
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Figure 2 — PSK demodulation block diagram.

Success At Last 
The approach that ultimately proved 

workable in every regard was one in which 
all processing is accomplished within a 
single microcontroller — one that is capable 
of performing the digital signal processing 
“number crunching” as well as handling all 
control chores. The newly-released dsPIC33 
microcontroller from Microchip is a delight-
fully powerful combination of a conventional 
control processor with a DSP core for intense 
digital signal processing.5 Available in a 
small package with lots of I/O for control-
ling peripherals, this was just what the doctor 
ordered. 

It was perhaps fortuitous that others in 
our QRP clubs were having similar fantasies 
at about the same time. K5JHF was explor-
ing the dsPIC chip family and decided they 
would make a good basis for a number of 
projects of interest to the group. He kick-
started things with the design of a dsPIC33 
project board, including such peripherals 
as a programmable gain amplifier (PGA), 
digital to analog converter (DAC), EEPROM 
memory, liquid crystal display (LCD), a 
quadrature rotary encoder and interfaces 

for a programmer and a keyboard. This was 
enough to give birth to what we now call the 
NUE-PSK digital modem. 

NUE-PSK Hardware Overview 
As illustrated in the schematic diagram 

of Figure 4, U1 — a dsPIC33F is at the heart 
of the project design. This highly-integrated 

Figure 3 — We built this portable PSK 
unit around 2000. It was too complex and 

expensive, with separate boards for DSP and 
control processing. It did include a novel CW 

user interface.

dsPIC33F device employs a powerful 16-bit 
architecture that seamlessly integrates the 
control features of a Microcontroller (MCU) 
with the computational capabilities of a DSP 
IC. The resulting functionality is ideal for 
applications that rely on high-speed, repeti-
tive computations, as well as control — just 
perfect for our PSK31 digital modem proj-
ect! Table 1 is the complete parts list for the 
NUE-PSK modem.

The dsPIC33F central processing unit 
(CPU) has extensive mathematical process-
ing capability with its DSP engine, dual 
40-bit accumulators, hardware support for 
division operations, barrel shifter, 17  17 
multiplier, large array of 16-bit working reg-
isters and a wide variety of data addressing 
modes. Flexible and deterministic interrupt 
handling, coupled with a powerful array of 
peripherals, renders the dsPIC33F devices 
suitable for control applications. Reliable, 
field programmable flash program memory 
ensures scalability of applications that use 
the dsPIC33F family of devices. The specific 
device we used contains 128 KB of program 
flash memory, 16 KB of RAM, nine 16-bit 
timers, 16 general-purpose I/O pins, a pulse 
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width modulation port, a port designed for 
reading quadrature encoders, two 16-channel 
ADCs, two UARTS, two SPI ports, two I2C 
ports, and comes in a 64-pin quad surface 
mount flat pack package. Whew, this sure is 
a powerful chip. 

The initial prototype used the dsPIC to 
capture and decode signals from the PS2 
Keyboard. This worked fine, except that on 
rare occasions, the dsPIC appeared to reset 
itself. This had the unfortunate effect of los-
ing current operating information such as the 
frequency, call sign, and other. After reviewing 
all information regarding the PS2 keyboard, 
we didn’t like the way we were capturing 
scan codes from the keyboard. Data was being 
sent synchronously from the keyboard to the 
dsPIC, using a clock of only roughly known 
frequency (~10-20 kHz). Each clock pulse 
caused an interrupt in the dsPIC, which then 
sampled the data stream. With the keyboard 
protocol, selected by IBM many years ago, 
each scan code is sent using 11 clock pulses. 
In addition, each keystroke press and release 
results in three or more scan codes being gen-
erated. Consequently, each keystroke gener-
ated a minimum of 33 interrupts. 

Apparently too much time was being 
wasted just processing keyboard interrupts, 
and that was the likely cause for the occa-
sional dsPIC resets. To solve this problem, 
we decided to use another small microcon-
troller to do most of the work handling the 
keyboard data. This second microcontroller, 
U5 (Freescale 68MC908QY4) simply 
responds to the clock from the keyboard 
and gathers the bits received into a complete 
scan code (11 interrupts). Once a scan code 
is completed, the ‘QY4 generates a strobe 
pulse to the dsPIC. Again, an interrupt in the 
dsPIC causes the dsPIC to capture an entire 
scan code on a set of port pins, and place it 
in a buffer, or merely sets a flag if the scan 
code is not a usable character. The ultimate 
effect of this division of responsibilities is 
that the dsPIC now responds to only 1/11th of 
the number of keyboard interrupts that were 
present in the first attempt. 

Two LCD displays were initially chosen 
for the PSK interface. A character LCD was 
used for displaying received decoded text and 
as a monitor for text being placed in the trans-
mit queue. Text is displayed when in transmit 
and as macros are being played back. The 
cursor changed from steady to flashing when 
in transmit. Setup Menus were also displayed 
on the text display. A 144  32 pixel graph-
ics LCD was then used to display the FFT-
generated spectrum of the audio passband. 
The lowest six rows of the display were used 
for the tuning cursor. Since a 512-point FFT 
is used with an 8 kHz sampling rate, we have 
256 points for a 4 kHz passband. We chose 
to display only the frequency range from
500 Hz to 2500 Hz, using 128 columns of 
the display. (The last 16 of the 144 horizontal 
pixels in each row were not used.) The data 
and control lines for each display were buff-

ered by level translators U2 and U3, required 
to match the voltage levels between the 3.3 V 
dsPIC and the 5 V displays. 

Since our original prototypes were built, 
we decided that we could possibly save some 
cost and simplify packaging by using a single 
graphics display for both text and spectral 
display. A 128  64 pixel display was chosen. 
The display drivers were combined into one, 
and modified to handle display of text buf-
fers and an FFT of the input signal (spectral 
display), along with a “cursor” for tuning. 
Text is displayed on the bottom half of the 
display, using 5  8 pixel characters with 
4 lines of display. The top 32 pixels are used 
for the spectral display, and the tuning cursor. 
In addition, the display incorporates a back-
light that can be turned on or off by means 
of either a hot key or from a menu selection. 
FET transistor Q2 buffers the control line 
going to the backlight pin on the LCD. 

The EEPROM, U4 (24AA256), provides 
local storage for the macro and user-set vari-
ables entered during modem operation. This 
memory device is controlled by one of the 
I2C ports on the dsPIC. 

A computer-adjustable gain stage, the pro-
grammable gain amplifier (U7, MCP6S21), 
brings the low level audio input stream com-
ing from the SSB receiver to the analog-to-
digital converter on the MCU. Amplifier U8 
(MCP601) presents precisely one-half the 
Vdd voltage to the ac reference input of U7. 

Processed digital transmit audio tones are 
converted to a continuous analog stream by 
D-to-A converter U6 (MCP4922). The audio 
level control R4 sets the appropriate modula-
tion level to the input of the SSB transmitter, 
which is generally a one-time setting for the 
transmitter being used. To produce a bipolar 
ac signal, a numeric constant equal to one 

Buying or Building Your Own NUE-PSK

www.amqrp.org/kits/nue-psk31/
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Figure 4 — The NUE-PSK schematic diagram.
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half of the full scale output is added to the 
data stream generated by the dsPIC. Since 
the output is capacitively coupled, the dc 
term represented by the half scale constant is 
removed. The full analog signal is presented 
to the audio level control, however, and one 
of the dsPIC ADC inputs is used to mea-
sure the dc voltage on the wiper of the level 
control. This allows the dsPIC to determine 
the position of the wiper and display that 
information on the LCD, as desired (a menu 
option). This facilitates setup with different 
rigs, once the correct setting is determined 
for each rig. The wiper of the control is ac 
coupled to the rig audio input. 

FET transistor Q1 (2N7000) buffers the 
push-to-talk (PTT) control line sent to the 
transceiver, used to put the radio into trans-
mit mode. 

A piezo buzzer is provided to deliver 
audible feedback for Tuning, menu selection 
and for future features. FET transistor Q3 
buffers the control line to the buzzer. 

The audio input, output and PTT control 
lines are brought off the pc board using an 
8-pin mini-DIN connector, J3. This approach 
minimizes the number of connectors and 
cables normally used to connect a digital 
mode controller to an HF rig, as sometimes 
these cables can get mixed up and messy 
at the operating station. Further, when the 
NUE-PSK modem is used with a dedicated 
HF rig – say a Yaesu FT-817/857/897 or a 

Figure 5 — The two-LCD Prototype used 
a graphic LCD for the spectrum display 

(top) and a character LCD for receive and 
transmit text characters (bottom). 

Figure 6 — The newer single graphic LCD 
shows both spectrum and receive or 

transmit characters. The backlight affords 
great night time visibility and costs only

20 mA in additional current demand. 

Figure 7 — Power requirements for the NUE-PSK modem. Measurements illustrate the 
dramatic benefits of using the switching “buck” regulator. Regulator efficiency increases as 
higher supply voltages are used. The top curves show the input current requirement when 

running with the display backlight on, while the lower curve shows 15 mA less current when 
the backlight is off.

Figure 8 — The two 9 V alkaline batteries nestle tightly against the circuit board in the case 
compartment. When installed, the screw-on cover holds them firmly in place.

PSK-20 transceiver card — the other end of 
the cable may also be consolidated to a single 
multi-pin plug, providing a neat and elegant 
interconnect with the radio. 

For the design of the power supply, we 
chose to use a switching regulator (U9) 
instead of the more conventional 7805 linear 
regulator to get 5 V on the board. This solu-
tion requires a lower operating current from 
the supply because of the greater efficiency 

achieved by the switching “buck” regulator. 
A linear regulator merely dissipates the power 
difference between input and output in the 
form of heat. Thus, even though the dsPIC 
draws approximately 100 mA, the modem 
now only requires about 60 mA from the 
supply during normal operation, and portable 
power is easily provided by conventional 
alkaline batteries. Figure 7 shows the current 
requirement as a function of supply voltage. 
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A small drawback of using the switch-
ing regulator is that a 9 V minimum input is 
required to maintain regulation; so battery 
operation is achieved by using two standard
9 V batteries in series to provide a nominal 
18 V input to the modem. See Figure 8. 
Of course the digital modem may instead 
be externally powered by applying 12 V 
through J1. When external power is applied, 
the internal battery connector should be 
disconnected, or the batteries should be 
removed. 

The NUE-PSK project is assembled 
using a single 4  5 inch pc board — quite 
an improvement over the Portable PSK 
projects done previously, as well as over the 
prototype hardware for this current design. 
The pc board holds all components — the 
LCD, rotary encoder, power connector and 
radio interface connectors — and may be 
assembled into your favorite homebrewed 
enclosure, or in the clam shell aluminum 
enclosure made available when the kit is pur-
chased from the American QRP club.6 This 
enclosure also has a conveniently-accessed 
compartment on the back side that houses 
the 9 V batteries. See Figure 9.

Hardware Evolution 
Before ending up with a neat and compact 

circuit board, the NUE-PSK design started 
out as a rather large and sprawling prototype 
hardware layout. This is normally the case 
with complex projects, because it allows the 
designers to try out different approaches and 
components, while also allowing them to 
easily monitor and debug the design. 

The prototype design was built using a 
proto-board purchased at Fry’s Electronics. 
It has plated-through holes on 0.1 inch 
centers to facilitate mounting through-hole 
components. The surface mount dsPIC 
microcontroller is mounted on a “Schmart-
Board,” also obtained from Fry’s.7 This 
particular board is designed to permit attach-
ing 32 to 100 pin SMT devices, and has
0.65 mm lead separation (pitch). Schmart 
Boards are available in several pitches and 
pin count configurations to accommodate 
prototyping of a range of SMT controllers. 
Header pins and sockets are used to connect 
the board to the main prototype board. Point-
to-point circuit connections were accom-
plished using 30-gauge Kynar wire, and a 
hand-stripping tool was used to strip the 
ends prior to soldering to the socket/connec-
tor pins. Thus the prototype was rather easily 
assembled and the result was relatively solid 
when complete. 

Development Tools and Getting 
Started in Software 

While Microchip is well-known in the 
ham community, few of us had experi-
ence using this new family of PIC chips. 

Microchip apparently foresaw this situation 
and they have provided an amazing number 
of application notes, specifications and guid-
ance for designers to use in quickly coming 
up to speed. 

Further, even the best chip on earth would 
be crippled without a good set of software 
development tools; but Microchip again 
came to the rescue with a C compiler and an 
extensive DSP library that proved invaluable 
to us in developing the project. Both of these 
were available for free, so what more could 
we ask! 

To program the dsPIC, we discovered that 
the inexpensive (~$25) PICkit2 program-
mer from Microchip is entirely adequate for 
the job. In-circuit debugging is not readily 
achieved with the free versions of the tools, 
but we seemed to do alright regardless. 

The final essential aspect in enabling 
this project was a design reference for the 
PSK31 modem algorithm, provided by Moe 
Wheatley, AE4JY. His PSKcore documenta-
tion and C++ source code was professionally 
done and placed into the public domain, so it 
was available for our use.8 We concluded that 
it would be a straightforward conversion to C 
language so we could use our free compiler 
and have it work on the dsPIC33, and we 
relied heavily on it. 

Software Overview 
Although Wheatley’s code was writ-

ten in C++, and was developed for use on 
a PC, it was not too difficult to convert it 
for compilation under C, for which there is 
a free compiler from Microchip. As part of 
our QRP group project, John Fisher, K5JHF, 
provided much of the initial software for the 
project. His code includes most of the ini-
tialization code, a keyboard handler, a basic 
LCD driver, I2C and SPI drivers, an interface 
for EEPROM storage, and ADC and DAC 
interfaces. Milt, W8NUE, developed the 
remaining code fairly easily, even though his 

programming experience has been mostly 
in BASIC and Visual Basic, with some 
FORTRAN. 

PSK31 Decoder Processing 
The receiver audio from an SSB trans-

ceiver is supplied to the NUE-PSK circuits. 
Before processing by the dsPIC, it is passed 
to the PGA, whose gain is controlled by the 
dsPIC via a serial peripheral interface (SPI) 
connection. The output of the PGA is then 
sampled by an internal 12-bit ADC on the 
dsPIC. 

Timer 1 of the dsPIC provides all of the 
critical timing. The timer is set for interrupts 
every 125 microseconds, corresponding to a 
sample rate of 8000 samples per second. In 
receive (demodulation), ADC samples are 
captured into a 2048 word buffer. Once the 
buffer is half full, a flag is set to inform the sys-
tem that data is available for processing. Only 
half of the buffer is processed at a time. This 
ping-pong buffering technique allows continu-
ous data processing to be accomplished while 
the other half is being filled in real time. 

The “main” routine of the program is an 
endless loop in which a number of flags are 
tested and, if found to be set when queried, 
they are used to trigger execution of various 
functions. For example, if the ProcPSK flag 
is checked and found to be set, a block of data 
is then processed. Each sample in the buffer is 
multiplied by a quadrature NCO, producing 
I and Q signals. Each of these is then passed 
two times through 35-tap decimate-by-4 FIR 
filters. This provides I and Q signals that are 
now sampled at 500 samples per second. (If 
in PSK63 mode, the second filter bank will 
decimate-by-2, providing 1000 samples per 
second.) While the block of 1024 samples is 
being processed, the second half of the buf-
fer is being filled with new samples under 
control of the Timer 1 interrupts. Processing 
then ping-pongs between the two halves of 
the buffer. Using this technique we never 

Figure 9 — This photo shows the NUE-PSK assembly. A 4  5 inch circuit board fits neatly into 
the enclosure, holding all components. (Individual wires are shown connecting the display in 
this prototype unit.) The battery “door” in the back of the case is visible along the left edge of 

the photo. Two 9 V batteries fit into the space between the circuit board and the case.
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write new data to the part of the buffer that is 
being processed. 

The next step is to split each of the I and 
Q channels into two paths. One is for the 
processing of the bits and one path is for 
processing of frequency data, producing 
four channels of data. Each of these channels 
is filtered by a 65-tap FIR. The I and Q bit 
channels should be optimized to minimize 
intersymbol interference, while the I and Q 
frequency channels should be optimized for 
fast response of the automatic frequency con-
trol (AFC) loop. All of the FIR filters have 
responses as specified by AE4JY. Instead 
of using the PSKcore filtering code, we are 
using FIR filters from the Microchip DSP 
library, as these software filters are designed 
to take into account the special hardware fea-
tures of the dsPIC. The results can be shown 
to be the same, however. That is, they have 
identical frequency responses. 

The bit channels are processed as 
described in the PSKcore specification to 
determine the proper time for determina-
tion of the phase changes that are employed 
in PSK. Since the bit rate of PSK31 is 
31.25 Hz, each bit extends for 32 milli-
seconds in time. We have a sample rate of 
500 Hz at this stage of processing, so there 
are 16 samples for each bit. The point in 
time for proper synchronization of the phase 
detection process is based on an analysis of 
the average energy in each of the 16 samples 
when averaged over several bits. Without 
going into the mathematical details, suffice 
it to say that the maximum energy always 
occurs at the boundary between successive 
bits. This fact is used to establish synchroni-
zation in the bit detector. 

We used the free WinFIRDesigner
software, with parameters obtained from 
the AE4JY code to calculate the FIR filter 

Figure 10 — NUE-PSK Prototype System. Clockwise from upper 
right: NUE-PSK displays and prototype hardware, standard PS2 

keyboard, FT-817 transceiver, and power supply. 

Figure 11 — This close-up of the NUE-PSK prototype shows the 
multiple cabling and programmer connection (lower right), which allows 

convenient access to the electronics during design shake down. 

coefficients. As noted above, the frequency 
responses obtained with these coefficients 
are identical to those published by AE4JY. 

A processing block takes the four filtered 
signals, and proceeds to: 

1) obtain a digital AGC control; 
2) calculate frequency errors; 
3) correct the numerically controlled 

local oscillator; 
4) determine bit boundaries; 
5) determine whether a 1 or a 0 is being 

received; 
6) collect the decoded 1s and 0s into a 

Varicode pattern; 
7) convert the Varicode pattern into 

ASCII characters; and finally 
8) display the resulting characters. 
The PSKcore routines were used to per-

form AGC, bit synchronization, character 
decoding, and so on. In addition, we added 
code that will perform a 512 point FFT on 
the samples (8 kHz sampling rate) that are 
provided to the FIR filters. The processed 
FFT is then converted to magnitude, and 
then to a logarithmic scale. The 500-to-
2500 Hz portion of the spectrum is displayed 
on the upper half of a 128  64 pixel graph-
ics LCD. This display is essential for tuning. 
More about this later. 

The final demodulator processing output 
is a decoded ASCII character. These decoded 
characters are displayed on the lower half of 
the 128  64 graphics display, as four lines 
of 20 characters each. The display driver 
includes a line buffer so that once a line of 
characters is filled, it is scrolled up and new 
characters are inserted at the beginning of the 
second line. This approach was chosen so 
that printed characters remain fixed for easy 
reading, as opposed to all characters being in 
constant motion (scrolled horizontally) once 
a line is filled. 

PSK31 Encoder Processing 
As mentioned earlier, the encoding pro-

cess is considerably less-intense as compared 
to the decoder operations. ASCII characters 
are accepted from the keyboard, converted 
to Varicode characters, and the binary string 
represented by the Varicode is used to modu-
late the phase and amplitude of an audio car-
rier — the PSK audio signal. 

Although PSKcore code creates a block 
of data to be sent to the PC soundcard, we 
chose to generate a single sample of output 
signal for each and every 125 microsecond 
timer interrupt. This minimizes data memory 
requirements. The method of generating the 
desired phase and amplitude modulation is 
that developed by AE4JY with the exception 
that the tables used reside in program mem-
ory instead of data memory. The use of these 
tables eliminates the time-consuming calcu-
lation of sine and cosine signal components. 
The choice of placing these tables in program 
memory was made because we had plenty of 
program memory with the dsPIC, but not a 
lot of spare data memory. The calculated data 
samples are then scaled for output to a 12-bit 
DAC. The DAC output, after capacitive cou-
pling, is then routed to the audio input of an 
SSB transceiver. 

As each interrupt occurs, the code steps 
through the tables, providing modulation val-
ues for the I and Q signals, resulting in either 
BPSK or QPSK modulation. The modulated 
I and Q signals are added together prior to 
the DAC. 

Using the NUE-PSK Digital Modem 
Install two standard 9 V alkaline batteries 

in the battery compartment, or connect a 9 to 
18 V dc supply to the coaxial power connec-
tor (2.1 mm) on the right end of the modem. 



12   QEX – Mar/Apr  2008

of the peaks on the display. Don’t worry if it 
is not exactly aligned. Once close to the peak, 
stop turning the encoder. The modem now 
attempts to “lock” onto the signal and fine-
tune the frequency if needed. If the modem 
is able to lock onto a PSK signal, it will very 
shortly begin decoding the signal, and then 
display characters on the screen. The time 
it takes for decoded characters to appear 
depends on the ability of the modem to esti-
mate the center frequency of the incoming 
signal, and the signal to noise ratio. Tuning 
can also be done with the arrow keys on 
the keyboard. The right and left arrow keys 
provide finer tuning, while the up and down 
arrow keys provide faster tuning. The tuning 
rate of the encoder on the modem can also be 
selected from a menu setting. Note: When 
tuning in receive mode, the spectral display is 
frozen—this is intentional. 

Now, on to set-up for transmission. 
Connect your rig to a dummy load. 

Since PSK signals generated by the 
modem contain simultaneous multiple fre-
quencies (over a very narrow bandwidth), it 
is imperative that the audio output from the 
modem not overdrive the input to the rig, 
or very poor signal quality will result. To 
facilitate setting the audio drive to the rig, a 
potentiometer on the modem may be used 
to adjust the level. In addition, the modem 
includes provision for “measuring” the posi-
tion of the potentiometer, so that it can be 

Signal Connections 
Install a connector, or connectors, to the 

end of the cable that has an 8-pin mini-DIN 
connector. Most modern HF rigs have a 
mini-DIN Data or AUX connector, which 
provides for PTT, fixed level audio from the 
receiver (independent of the volume control 
on the rig), and a line-level (approx 100 mV 
RMS) audio input to the transmitter. On the 
Yaesu FT-817/857/897 this connector is a 
6-pin mini-DIN. On many Kenwood HF rigs 
there are 6-pin and 13 pin mini-DIN con-
nectors that may be used. See Figure 12 for 
wiring details. 

Keyboard 
The modem requires an AT/PS2 style key-

board for character entry. The keyboard also 
provides for entry and playback of macros. 
Use the 6-pin mini-DIN connector on the end 
of the modem to connect to the keyboard. 

Operation
Once you have the cable between the 

modem and the rig connected, keyboard 
attached, and power available, you are ready 
to operate PSK. But first, some additional 
setup may also be desired, as described next. 

Turn on the modem. If the cable between 
the rig and modem is wired correctly, you 
should see evidence of signals and/or noise 
on the top half of the display (the spectrum 
area). Tune your rig to one of the PSK 
sub-bands. These are typically 70 to 74 
kHz above the lower band edge on 40 and
20 meters. If there is PSK activity on the 
band, you should see peaks on the graphic 
display. The horizontal location of the peaks 
corresponds to the audio frequency of each 
signal relative to the tuned frequency of
the rig. For example, if the rig is tuned to 
14070 kHz, the display shows audio frequen-
cies from 500 Hz to 2500 Hz, or actual RF 
frequencies from 14070.5 to 14072.5 kHz. 

Now for the fun — tuning! Turn the 
encoder clockwise, or counterclockwise, to 
move the cursor to a higher, or lower fre-
quency. (The cursor is the small triangular 
icon just below the spectrum display.) The 
audio frequency is displayed when turning 
the encoder. Try to align the cursor with one 

easily reset to the same setting in the future. 
More on this later. 

We have found that the best way to set up 
for PSK operation is to initially set the trans-
ceiver for normal SSB operation, including 
whatever power setting you usually employ. 
For example, if you have a 100 W PEP rig, 
set it up for 100 W on SSB. 

Switch to Digital mode (if your rig pro-
vides that option, otherwise retain the SSB 
mode). 

Then press F8 on the keyboard. This 
places the modem in the TUNE state, which 
is denoted by “TUNE” at the top left of the 
display. The modem is now generating a con-
tinuous tone, which is fed to the audio input 
of the rig. The PTT signal from the modem 
should also cause the transceiver to switch to 
transmit. At this point, the potentiometer on 
the modem (just to the right of the display) can 
be adjusted to set the power level of the trans-
ceiver. A transmit power of 15 to 40% of the 
rig’s rated power is recommended. (In other 
words, 15 to 40 W with a 100 W rig). Keeping 
the power at this level does two things. First, it 
minimizes distortion due to clipping. Second, 
it avoids excessive heating in the rig finals, 
since PSK is a 100% duty cycle mode. A 
power meter is very handy for making this 
setting. Once the potentiometer has been set, 
press F8 again to return to receive mode. 

You should now be ready for transmit-
ting PSK. 

Pressing F12 will place the modem in 
transmit mode, but with a PSK idle tone 
being generated (unlike the CW tone in 
TUNE). If you are ready to give it a try, press 
F12. At this point, anything that you type on 
the keyboard will be converted into Varicode 
characters and transmitted using PSK modu-
lation. Pressing F12 again, will toggle back to 
receive. When in transmit mode, “TX” will 
appear at the top left of the display. 

Macros 
If you want to set up macros (pre-

recorded strings of characters for subsequent 
playback) before proceeding, now is a good 
time to do it. 

For those already familiar with PSK oper-
ations, macro setup is very similar to many of 

Figure 13 — A USB-to-TTL interface adapter 
from SparkFun will allow your computer 
USB port to connect to the modem for 
programming updates to the software.

Figure 12 — Connections between NUE-PSK digital modem and a typical HF transceiver. (The wiring diagram shows the connections for a 
Yaesu FT-817 radio.) 
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Figure 14 — This schematic diagram shows an easy-to-build RS-232 interface that you can 
use between your computer serial port and the serial TTL input on the NUE-PSK modem.

the popular PSK programs. There are a few 
differences though. Some of the typing will 
be “blind” — not all of the input characters 
will be echoed to the display. 

Before you begin to operate, you should 
record your call sign in the modem’s 
EEPROM. While in receive mode, type your 
call sign and then press Ctrl+M.

Macro recording is initiated by pressing 
Ctrl plus the function key that you want to 
be associated with your macro. For example, 
to use F1 for calling CQ, press Ctrl + F1. 
Then begin typing “ cq cq cq de.” Now enter 
Alt+M, press the space bar, enter Alt+M 
again, press the space bar again, enter Alt+M 
again, press the space bar, enter “K” and 
finally enter Ctrl+Q. (Omit the quotes during 
the typing). Now press F9 to store the macro. 
When this macro is played during transmis-
sion, by pressing function key F1, it will call 
CQ three times followed by your call sign 3 
times, followed by “K,” and then the modem 
will revert to receive. In this procedure, enter-
ing Alt+M informs the modem that you want 
to insert your call sign into the transmit buf-
fer. Entering Ctrl+Q, inserts a special char-
acter, which the modem recognizes as “quit 
transmitting and revert to receive.” Each 
macro can contain up to 255 characters. 

You can also record the “other sta-
tion’s” call sign in RAM (not in nonvolatile 
EEPROM) by pressing Ctrl+T after first typ-
ing their call sign on the keyboard. To insert 
the other station’s call sign into a macro, 
simply use Alt+T in the macro. Then, when 
you play the macro, the other station’s call 
sign will be inserted into the macro. This 
way, whenever you enter a new call sign 
using Ctrl+T, you do not need to re-record 
the macro to use the new call sign. 

Menus
Configuration of the modem is done 

through a menu system. For example, you 
can select between PSK, QPSK, and QPSK 
reversed. You can also change the software 
squelch setting, the gain of the programmable 
gain amplifier (PGA), turn CW Identification 
on or off, turn the display backlight on or 
off, change the tuning “increment,” monitor 
battery voltage, or monitor the setting of the 
TX audio potentiometer. Other items may be 
added to the menu at a later time. 

The menu system has two means of 
access. If you wish to access the menus using 
the keyboard, simply press F10 on the key-
board. Next enter a number on the keyboard 
corresponding to the submenu that you wish 
to access. Once this selection is made, choices 
for the submenu will be displayed. Another 
numeric entry will denote your selection. 
With the keyboard menu system, entering the 
submenu choice on the keyboard will cause an 
exit from the configuration menu. 

The second method of menu access is 

through the “Select” button on the menu and 
the rotary encoder. Pressing and holding the 
Select button for more than ½ second will 
activate the menu system. When initially 
activated, the display will show “Configure” 
on one line, followed by “Exit” on the line 
below. If you wish to abort configuration, 
simply tap the Select button at this time. If, 
on the other hand, you wish to configure 
one of the modem settings, simply rotate the 
encoder clockwise, or counter clockwise, 
to cycle through the top level menu selec-
tion. Once you see an item that you wish 
to change, tap the Select button again. This 
will then allow you to cycle through a list 
of choices (again by rotating the encoder). 
When the choice you wish to make appears 
on the display, tap the Select button again. 
This will record your choice, and the menu 
will revert to the top level, showing “Exit” as 
the default choice. You can now make addi-
tional changes, or tap the Select button again 
to exit the Configuration menu. 

Hot Keys 
A number of “Hot Keys” have been 

defined for use with the modem: 
F1 to F7: Play Macros. 
Ctrl-Fn: Record Macros — Enter key-

strokes. When finished, Press F9. 
Alt-Fn: Delete Macro associated with 

Fn. 
F8: Toggle TUNE mode. May be accessed 

only in RX or TX (Not in Setup, or Macro 
Recording). 

F11: Display the first few bytes stored in 
EEPROM. 

F12: Toggle between RX and TX (again, 
not in Setup or Macro Recording). 

F10: Display the main Setup Screen. 
(Accessible only in RX mode). 

#: A numeric selection from the Main 
Menu, selects a submenu, which is then dis-
played. Another numeric selection activates 
your selected parameter. 

Ctrl-M: Save keyboard entries into a 
fixed location in EEPROM (for recording 
“my call sign,” for use in Macros). 

Ctrl-T: Save keyboard entries into a 
RAM location (for recording “their call sign” 
— also for use in Macros).

Alt-M: Insert “my call sign” into a 
Macro. 

Alt-T: Insert “their call sign” into a 
Macro.

Ctrl-F: Save the current frequency into 
EEPROM so that it can be restored at the 
next power-up.

Alt-F: Retrieve the saved frequency and 
make it the current frequency.

Ctrl-Tab: Display the current (audio) 
frequency.

Ctrl-A: Enable AFC. 
Alt-A: Disable AFC. 
PgUp: Increase PGA gain. 
PgDn: Decrease PGA gain. 
Ctrl-L: Clears the text area of the LCD. 
Ctrl-K: Clears the keyboard buffer (while 

receiving, keystrokes are not displayed — 
this allows clearing the buffer, so that call 
signs may be entered, or re-entered in case 
you think that you have entered the wrong 
call sign). 

Ctrl-B: Clears the internal buffers. 
Ctrl-Q Inserts a TX-OFF control charac-

ter in the TX buffer, or Macro. 
Ctrl-O Toggles the display backlight on 

and off. 
Here is a useful combination of macros: 
F1: CQ
F2: Call “them” twice w/ toggle
F3: Call “them” once w/o toggle
F4: BTU
F5: 73
F6: Brag File
F7: Test message
For your personal macros, choose what-

ever you want. You can create ones for con-
testing, or just for casual rag-chewing. 

Updating the Modem with Newer 
Features 

Increasingly today, microcontroller proj-
ects have an ability to be “field updated” 
with new features and software updates 
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made available by the designers. So, instead 
of needing to send your instrument back for 
reprogramming to get these new capabilities 
and bug fixes, you can simply download the 
latest-and-greatest software from the Internet 
and send it to the target hardware. The device 
automatically updates its internal memory 
with the new program. What a great way to 
keep your project completely up to date with 
the latest features! 

We have incorporated this field updating 
capability into the NUE-PSK Digital Modem. 
You just need to connect your PC serial port to 
the modem using a simple adapter, and send 
it the new software obtained from the NUE-
PSK Web site whenever new capabilities are 
made available. 

We designed a TTL serial port into the 
modem, accessible via a 4-pin connector, P4, 
located inside the battery compartment. By 
connecting your computer’s USB port to an 
inexpensive USB-to-TTL adapter such as 
the CP2102 from SparkFun and plugging the 
CP2101 (or equivalent) into P4, the modem’s 
“Load Software” menu selection will initiate 
the bootload sequence to “burn” the new soft-
ware into the modem’s controller.9 Then, once 
you power-cycle the modem, you’ll be running 
the latest software release containing, for exam-
ple, a new digital mode, some new I/O capabili-
ties, and so on. This is really quite a convenient 
and powerful capability for the project. 

Possible Future Enhancements 
Updating the graphics LCD to display 

current spectral information consumes a 
considerable fraction of the total processing 
time. If all LCD display routines were to be 
off-loaded to a small microcontroller, there 
would be more time available for processing 
faster digital modes, such as PSK63. 

Additional dynamic range would be pos-
sible if an external ADC, with 16 to 24 bits, 
were to be employed. The Austin QRP group 
is currently evaluating ADCs and Codecs that 
might be used in this application. 

The next logical step in the evolution of 
portable amateur radio digital communication 
is decreased size and increased portability. We 
envision someday — perhaps sooner rather 
than later — having a completely integrated, 
handheld digital modem and low-power 
transceiver. 

Conclusions 
“On-Air” experience with the NUE-PSK 

Digital Modems has clearly demonstrated the 
effectiveness of the design, and its suitability 
for portable digital-mode operations, with an 
attractive, compact, low-power package. It is 
also a testament to the wonderful design skills 
of Moe Wheatley and his PSKcore software 
engine, as well as to how evolving technology 

continuously improves our options in amateur 
radio. 

We very much enjoyed collaborating on the 
design of this project with several members of 
our QRP clubs. We are confident that you will 
enjoy the flexibility and power offered with the 
NUE-PSK Digital Modem when used on your 
bench or out under the stars. 

Notes

RadCom
QEX

2

www.njqrp.org/portablepsk
5 www.microchip.com

7 www.schmartboard.com

8 PSKCore, www.qsl.
net/ae4jy/

PSKCore

9

www.sparkfun.com/commerce/product_info.
php?products_id=198

Other Useful PSK31 Technology References: 
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QST
QST

QST

QRP Homebrewer

QEX

www.arrl.org/tis/info/
psk31.html
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Mission — The Star-10 transceiver has 
been a unique research experience into 
understanding what can be done from the 
laws-of-physics point of view in receiver and 
transceiver dynamic range performance. This 
research has been performed over a period of 
five years with parts, technologies and pack-
aging means available to me at the time. The 
transceiver has been implemented with some 
unique parts that may no longer be available. 
The Star-10 development has been a purely 
scientific endeavor intended primarily to 
understand what could be done to achieve 
ultimate receiver performance. Although the 
results have been outstanding, slightly better 
results may be possible using newer technol-
ogies and parts. The Star-10 project was not 
intended as a commercial product. Its dupli-
cation is probably not economically feasible.

Introduction
In Part 1 of this series, I presented a 

system design criteria for a modern double 
conversion transceiver, namely the Star-10.
The primary goal of this design was to 
produce a continuous HF coverage system 
with consistent high dynamic range receiver 
performance over the entire frequency range 
of 1.8 MHz to 30 MHz. I wanted to build a 
radio that rivals the performance of today’s 
top-of-the-line equipment. The focus was 
how to design a no-compromise broadband 
radio, obtaining superior performance with-
out resorting to a channelized, amateur-
band-only design. The accent was put on 
good image and spurious rejection, using 
an up convert/down convert design, ample 

The Star-10 Transceiver — Part 2

Figure 6 — Part A shows the double-sided, 
plated-through-hole PC boards developed for 
the Star-10  transceiver ready for assembly. 
Part B shows several of the completed 
assemblies for the Star  transceiver. Starting 
from top left, PDAF (product detector/audio)  
IF9R  (receiver second IF)  IF9T  (transmitter 
first IF)  PL O / MRU (phase locked crystal 
oscillator / master reference unit)  IF75BC 
(bilateral front end converter), and FSYNTH 
/ FRU (frequency synthesi er / frequency 
reference unit). For functionality of these 
blocks, refer to Figure 2 in Part 1 of the article, 
in the Nov/Dec 2007 issue of QEX.

(A)

Visible from the left are the 
FSYNTH assembly (left side 
panel), the IF75BC assembly (top 
left), the automatically switched 
half-octave receiver band-pass 
and transmitter high power, low-
pass filter bank assembly, and 
the DFCB command and control 
assembly and keypad mounted 
on the back of the front panel. 
Front panel, side panels, top and 
bottom are removable allowing 
access to the assemblies.

In Part 2 of this series we will look at some of the 
circuits used in this high-performance transceiver.

(B)
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Figure 7 — Schematic diagram of the front end bilateral converter assembly, IF75BC.
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automatically switched front end and IF fil-
tering. The radio uses a DDS-Driven PLL 
synthesizer. Thus, the Star-10 design resulted 
in a 75 MHz first IF and a 9 MHz second IF 
architecture, using a novel bilateral concept, 
a complex array of old and new technologies, 
circuits and packaging techniques. After 
ample system analysis, intense circuit design, 
multiple brass boarding and testing, PC 
board layouts were developed and four sets 
of boards were manufactured, populated and 
tested again and again before the final imple-
mentation. Two transceivers were developed 
using these boards, a work-in-progress pro-
totype by KG6NK, and the featured Star-10
model presented here.

The unpopulated double-sided, plated-
through PC boards developed specifically 
for the Star-10 transceiver are shown in 
Figure 6A. Some of the completed and tested 
assemblies are shown in Figure 6B. [To pro-
vide easy reference between the parts of this 
series, we have numbered the Figures con-
secutively throughout. — .]

I will next discuss the major assemblies 

Figure 8 — The IF75BC bilateral front-end converter assembly 
implementation is shown in Part A. This assembly provides crunch-
proof receiver functions and doubles as the transmitter predriver. 
It uses class A push-pull amplifiers, a push-pull Norton amplifier 
equipped with very high dynamic range CP-650 FETs, and an 
H-mode class III mixer using the SD-5000. Two quiet, brushless fans 
extract the heat out of the CA2832 class A drive amplifiers located 
under the circuit board. IF75BC assembly dissipates approximately 
30 W of dc power (at 24 V dc and 12 V dc) to insure superior 
dynamic range for the receiver. The unit doubles as a bilateral IF in 
transmit, providing RF drive signals for the follow-up power linear 
amplifier. Monolithic CA2832 class A amplifiers are used sparingly 
throughout the Star  transceiver. Two CA2832 amplifiers are used 
in the IF75BC as shown in Part B. They are installed on the back 
of the circuit board. Heat is extracted through the assembly walls 
using two heat sinks and special brushless quiet (acoustic and 
electric) fans mounted on the sides of the aluminum assembly, 
and is further exhausted through the top of the transceiver cover. 
IF75BC dissipates approximately 30 W dc at 24 V dc and 12 V dc. In 
the Star  transceiver package, the IF75BC assembly is located on 
the shelf shown in Part C, along with the IF9T  seen under the shelf. 
This shelf installs on the main shelf, which also supports the entire 
half octave filter bank, as can be seen in the photo at the beginning 
of this article.

(A)

(B)

(C)

and major design details of the Star-10 trans-
ceiver. For clarity, you should first read Part 1 
of this series in order to better understand the 
functionality of each of the assemblies. Part 
1 is available on the ARRL  Web site at 
www.arrl.org/qex. You will be constantly 
directed to the transceiver’s block diagram 
in Figure 2 from Part 1 to better understand 
where a specific assembly fits. To make the 
best use of printed space, only major blocks 
will be discussed in detail. As previously 
indicated, no circuit layouts, construction 
plans or software listings are offered in this 
article series.

Front End (IF75BC)
As the name implies, this is the first IF 

(75 MHz) or the bilateral 75 MHz con-
verter. This assembly is a key ingredient of 
the Star-10 receiver design because it sets 
the entire system noise figure and intercept 
point. IF75BC operates in receive as well as 
transmit modes.

Referring to Figure 2 from Part 1, the 

IF75BC assembly provides receiver up con-
version for the entire HF range from 1.8 MHz 
to 30 MHz, to the 75 MHz IF, or down con-
version from this IF to the same HF range of 
1.8 MHz to 30 MHz in transmit. The IF75BC 
is preceded by a half-octave band-pass fil-
ter bank (composed of eight automatically 
selectable filters) in receive, the power linear 
amplifier and a similar half-octave low-pass, 
high power filter bank (composed of eight 
automatically selectable equivalent filters) in 
transmit. To keep intermodulation distortion 
under control, no PIN switching diodes are 
used to select filters. All filters in the Star-10
are switched with either miniature Teledyne 
RF relays, or high power RF relays. These 
assemblies will be discussed in more detail 
later. A schematic diagram of IF 75BC is 
shown in Figure 7. The actual IF75BC board 
and assembly implementation are shown in 
Figure 8.

The 75 MHz first IF choice puts the 
receiver image away by 150 MHz at any fre-
quency between 1.8 MHz and 30 MHz. This 
works in direct conjunction with the proper 



  QEX – Mar/Apr  2008 19 

Figure 9 — Part A shows receiver and transmitter half-octave filters banks. Automatically switched half-octave filter banks are shown in Part 
B, where the motherboard/cage assembly holds the receiver front-end filter boards (eight filters) as well as the transmitter high-power, low-
pass filter boards (eight filters). This assembly is located on a shelf shown on the right side of the transceiver, as shown in the lead photo. The 
DFCB command and control assembly automatically selects the filters.

Figure 10 — View of the bottom shelf (motherboard), which holds the automatically 
switched half-octave filter banks and the motherboard cage (at the top right corner of the 
photo). Command and control lines have been wired to the connectors visible in the slots in 
the shelf.

half-octave filter being selected in the front-
end banks. The amount of rejection provided 
is consequently uniform throughout the 
coverage due to the proper selection of the 
half-octave ranges. (See References 1, 2, 3, 
listed at the end of this article.) A high-pass 
receiver front end filter, which is sometimes 
used in general coverage designs, was found 
unnecessary due to the extremely good shape 
factor offered by the half-octave band-pass 
filters. Conversely, the proper half-octave 
low-pass filter selected in the transmit chain 
ensures equally good spurious and harmonic 
rejection throughout the entire frequency 
range.

Looking at the schematic diagram in 
Figure 7, the filtered received RF signals 
from the half-octave band-pass filter bank 
enter the receiver circuits of the IF75BC 
board assembly at J2 through the advanced 
intercept point attenuator (AIPA) and the 
+10 dB push-pull preamplifier located on 
this board. This combination allows for the 
programmable AIPA attenuators (part of 
the gain control system) to be inserted in the 
receiver front end if so desired. Because of 
the dynamic range capability of the Star-10,
these functions have not been used exten-
sively since good results were obtained with 
the preamplifier on and no attenuators.

Three front panel programmable attenua-
tion steps are provided by AIPA: 3 dB, 6 dB 
and 10 dB. Commands for these selections 
enter the IF75BC through the J6 connec-
tor. The 3 dB and 6 dB positions are imple-

(B)(A)
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Figure 11A — The schematic diagram for the receiver band-pass filter bank.

mented by inserting a 3 dB or a 6 dB pad 
via corresponding relays (AT1, K1 and AT2, 
K2) in the circuit, while the 10 dB function 
is implemented through totally bypassing 
the push-pull amplifier, using K3 as shown. 
The preamp can always be on because of the 
dynamic range capability of the Star-10. The 
AIPA functions are remote controlled from 
the front panel via miniature RF relays located 
on the IF75BC board. The front panel switch 
(marked AIPA) that controls these attenuators 
also controls three LED indicators showing 
what is selected on the composite front panel 
display (dial) as shown in the lead photo.

To ensure the high dynamic range for 
the receiver, IF75BC uses an adaptation of a 
push-pull Norton amplifier, using very high 
dynamic range CP-650 FETs. This preampli-
fier, as well as other IF75BC functions, use 
24 V dc in addition to 12 V dc and other volt-
ages. The power consumption of the IF75BC 
front end board and assembly is around 30 W 
dc, requiring heat sinks as shown in Figure 8 
A, B and C.

The Norton amplifier circuit was initially 
developed and patented by David Norton and 
Allen Podell in 1975 (reference 4, 5, 6). This 
circuit constitutes a novel development in the 
application of negative feedback techniques 
to active double-balanced mixers, in which 
the concept of single-transformer “loss less 
feedback” is employed to improve both, 
the intercept point and the noise figure. The 
Norton design uses transformer coupling to 
achieve “noiseless negative feedback” – a 
truly outstanding approach.

Loss less feedback amplifiers have been 
recognized as an outstanding means of pro-
viding high dynamic range, in terms of both 
linearity and noise figure. In the following 
years since its invention, various forms of 
the Norton amplifier have found wide usage 
in good communications receivers and radio 
astronomy applications.

A variation on the Norton amplifier was 
further described by Joe Reisert in a ra
magazine (reference 7). The circuit has been 
further improved by Jacob Makhinson and 

was described in detail in references 8, 9, 10, 
11, 12.

Looking at Figure 7, the conditioned RF 
signals from AIPA enter the first mixer U3 
which is used in an H-mode (references 6, 
7, 8, 9) biasing system. The variable high 
resolution LO signal from the synthesizer 
(FRU - FSYNTH) is presented to the mixer 
via J1 and U1, via a CA2832 class A mono-
lithic amplifier (note: Star-10 makes ample 
use of the Motorola CA2832 monolithic 
amplifiers) operating at 24 V. Thus, the LO 
level is built up from approximately -9 dBm 
to about +27 dBm. Mixer biasing is further 
provided through R13, R14 and U4. The 
H-mode mixer used is typical of the design 
described in the above references. However, 
most of these designs have been used in low 
IF configurations (e.g. 9 MHz) and with 
limited RF/LO bandwidths. They are usu-
ally fed by out of phase digital drivers which 
maintain tight LO jitter and phase coherence 
over relatively narrow frequency ranges. 
However, using such designs over very broad 
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frequency ranges such as the four octaves 
used in the Star-10 would require sub - pico 
second rise time phase matching between 
the digital drivers. Because of the Star-10
broadband nature, it was found impractical 
to provide LO drive via digital means. After 
long analysis and experimentation, it was 
found that using a transformer combination 
can provide the required phase balance over 
the entire frequency coverage with minor 
phase mismatching consequences. Following 
intense testing, this solution was found to be a 
practical compromise.

Making the preamplifier and the H-mode 
mixer work in the actual IF75BC board 
required ample circuit layout planning, 
where connecting paths in the double sided 
plated through PC board was implemented 
with short and balanced paths, which were 
trimmed equally to promote amplifier sta-
bility. Additional ferrite beads were used 
together with short leads to prevent oscil-
lation. The negative biasing supply for the 
SD-5000 mixer was achieved using a dc-to-

dc converter at U4 as shown. Considerable 
care was taken in the entire board design to 
ensure proper ground distribution and avoid 
resonant features.

The transmit chain on IF75BC, when 
activated via the T/R relay K4, outputs RF 
signals to the power linear amplifier through 
the 30 MHz low-pass filter made of L10, 
L11, C46 through C50, and another class A 
- CA2832 monolithic amplifier, U2. Driver 
circuits for the RF relays on IF75BC as 
well as throughout the entire transceiver use 
high current open collector digital line driv-
ers 75451 ICs (U5 on this board). The RF 
output at J5 goes further to the high power 
linear amplifier, and to the automatically 
switched half-octave low-pass filter banks, 
through the RF power transmitter gain control 
(TGC) circuits and further through the main 
T/R switch, to the antenna. The T/R relay 
on IF75BC which is facilitated through the 
on board K4, also provides proper switched 
24 V dc to the bilateral amplifier (BILAT 
AMP) assembly located further down in the 

75 MHz IF chain as shown in Figure 2, Part 1 
of this article series.

There are two 75 MHz IF receiver out-
puts on the IF75BC; the first is diplexed via 
L2, C52, C53 and is further output at J3 to 
be input to the quartz crystal roofing filter 
assembly, FL75. This signal serves in receive 
as well as in transmit as the narrow 75 MHz 
IF output/input. The other output at J4 serves 
as the 75 MHz wide IF (500 kHz) intended 
for spectrum analysis and noise blanker func-
tions to be achieved further in IF9NB. This 
wide band signal follows the path from C24 
through the 500 kHz band pass filter made of 
L3 through L5 and C25 through C32 and fur-
ther through Q3 and U6. This completes the 
IF75BC assembly description.

Receiver and Transmitter Half-Octave 
Filter Banks

Looking at the Star-10 transceiver block 
diagram from Figure 2 of Part 1, the IF75BC 
assembly is preceded by the half-octave 
band-pass and low-pass filters banks as 
shown in Figure 9. The actual location of this 
assembly in the Star-10 transceiver package 
can be seen on the right side of the leading 
photo at the beginning of this Part.

The design of these filters and their func-
tionality in a general coverage HF transceiver 
or receiver has been previously described 
in great detail in references 1, 2 and 3. The 
Star-10 transceiver uses this design in a new 
mechanical implementation specific to this 
transceiver package.

There are eight automatically selectable 
band-pass receiver filters (bottom left board 
of Figure 9 A) and eight high-power low-
pass similar filters (the remaining assemblies 
shown in Figure 9 A). The filter banks are 
plug in shielded assemblies as shown. They 
insert into the PC boards that contain the 
control circuits utilizing 75451 line drivers 
to switch corresponding RF relays, which 
in turn use commands from the DFCB 
assembly microprocessor to select the proper 
receive and transmit combination. The boards 
equipped with the plug in filter banks (as 
shown) are in turn, plug-in assemblies them-
selves. They insert into a machined mother-
board cage assembly as shown in Figure 9 B. 
Command signals coming from DFCB board 
and RF connectors are provided at the bottom 
of the assembly which is supported by the 
bottom shelf of the Star-10 system as shown 
in Figure 10.

The schematic diagram for the receiver’s 
band-pass filters - bank is shown in Figure 11 
A. The schematic diagram for the high power 
low-pass filters banks (two assemblies) is 
shown in Figure 11 B. There are eight band-
pass filters in the receiver assembly and four 
low-pass filters in each of the two low-pass 
assemblies, for a total of eight equivalent 
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Figure 11B —  The schematic diagram for the high-power, low-pass filter banks. 
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Figure 11B continued
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Figure 11C — Design values for the low-pass filter banks. The band-pass design is directly derived from the low-pass design.
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half-octave filters (1.8 to 3, 3 to 4, 4 to 6, 6 
to 8, 8 to 12, 12 to 16, 16 to 24, and 24 to
30 MHz). The chosen electrical design for 
all filters is the Cauer (elliptical) approach. 
This type of filter has an in-band character-
istic similar to that of a Chebyshev filter; it 
also has a more abrupt transition band char-
acteristic than the monotonically increasing 
attenuation of the Chebyshev approach. This 
design was chosen because of the superior 
rejection and the relatively easier execution 
and tuning procedures required. Shown in 
Figure 11 C are the electrical schematics and 
design values for all the low-pass filter banks. 
The band-pass design was directly derived 
from the low-pass implementation. For a 
much more in depth discussion on the actual 
design of these filters, you are directed to my 
article series from references 1 and 2, which 
is available on my Web site listed at the end 
of this article.

75 MH  Bilateral IF
The roofing filter assemblies (FL75), 

the 75 MHz Bilateral Amplifier (BILAT 
AMP), and the 75 MHz to 9 MHz Bilateral 
Converter (IF9BC) will be described together 
because they constitute the 75 MHz bilateral 
IF. Looking at the Star-10 transceiver block 
diagram from Figure 2 of Part 1, these three 
assemblies follow the IF75BC providing fur-
ther signal processing through the 75 MHz 
bilateral IF (BILAT AMP), and selective 
signal conditioning through the FL75 roofing 
filter assembly. 

A second conversion to the 9 MHz 
IF stage (used in receive and transmit) is 
facilitated through the IF9BC assembly. 
Physically, the above assemblies are partly 
located on the left side of the transceiver 
under the shelf shown in Figure 8 C. The 
BILAT AMP assembly is located in the cen-
ter area of the bottom side of the main shelf 
(for a view of the shelf, see Figure 10) as 
shown in Figure 12 (the smaller assembly in 
the center equipped with a fan).

The BILAT AMP and the FL75 roofing 
filter assemblies are shown in Figure 13. 
The schematic diagram for the BILAT AMP 
assembly is shown in Figure 14. The perfor-
mance characteristics of the bilateral ampli-
fier are shown in Table 1.

Looking at Figure 14, the 75 MHz BILAT 
AMP uses two back-to-back CA2832 mono-
lithic amplifiers which were discussed earlier. 
As can be seen, only one of the amplifiers is 
on at the time, the default being the receiver 
chain at the top of Figure 14. Power is applied 
selectively to the respective circuit via the 
T/R function through the switched 24 V dc 
lines from IF75BC. In transmit, the power is 
switched on to the bottom circuit and the top 
circuit remains dormant for the duration of 
transmit. Natural isolation between the active 

circuit and the dormant circuit is provided 
via the inherent isolation (>20 dB) allowed 
by the passive splitter/combiner arrangement 
shown.

One of the 75 MHz IF outputs from 
IF75BC enters the first section (A) of the 
roofing filter FL75 (see Figure 2 in Part 1) as 
shown. Again, all RF interconnects between 
assemblies in the Star-10 are 50 ohms, mak-
ing it easy to use miniature coaxial cables 

equipped with SMA connectors. The output 
of the first FL75 filter section is then input 
to the BILAT AMP at J1, where it enters the 
first splitter/combiner PSC2-1 (A1) at pin 1 
as shown. The receiver path continues at pin 
5 of the PSC2-1 and is output to the BIPA 
circuit located on the IF9BC assembly. The 
BIPA circuit is a 30 dB –programmable - 
from the front panel - PIN diode attenuator 
circuit that will be discussed in more detail 
later. The return path from the BIPA circuit 
is input back into the receiver’s 75 MHz IF 
and is further amplified in the BILAT AMP 
assembly by the CA2832 amplifier at U1, to 
be recombined with the isolated transmit-
ter path through another PSC2-1 (A2). The 
output of the BILAT AMP assembly is then 
output at J2 and is further input to the second 
section (B) of the FL75 roofing filter assem-
bly. This functionality is true in receive as 
well as transmit providing true bilateral func-
tionality for the entire 75 MHz IF. It should 
be noted that the 75 MHz filter assembly has 
been split in two sections and is intention-
ally isolated by the amplifier in order to cope 
with the relatively high IF levels seen at these 
points in the circuits (see system analysis 

Figure 12 — Bottom view of the Star  transceiver, with the back of the main shelf exposed. 
Shown in the center is the 75 MH  bilateral amplifier (BILAT AMP) using two back-to-back 
monolithic CA2832 class A amplifiers (one used in receive and the other in transmit), isolated 
from each other via splitters/combiners. These high dynamic range amplifiers are capable of 
35 dB gain, a 5 dB noise figure and a 50 dBm IP3. Cooling is achieved via another brushless 
fan extracting the heat through the bottom panel.

Table 1
Bilateral Amplifier (BILAT AMP) 
Specifications
Mode of operation: Bidirectional  OR 
function (one way active at any given time)
Operating frequency: 75 MHz
Gain (max): +36 dB
NF: 5 dB
1 dB compression point (CP1): +35 dBm
IP3: +50 dBm
RF in (max): +5 dBm
RF out (max) +32 dBm
Vcc: +24 V dc
Ic: 450 mA (one-way active)
Amplification Class: AA
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Figure 13 — The physical implementation of the 
BILAT AMP assembly is shown in Part A. 
Two back-to-back class A CA2832 amplifiers 

(one shown at left for si e) are packaged 
together in this assembly. They are 
passively isolated from each other via a 

splitter/combiner assembly which provides 
20 dB of natural isolation between receive 

and transmit functions. Switched 24 V dc is 
selectively provided to the amplifiers depending 

on the receive or transmit function selected by 
the T/R assembly via the IF75BC T/R relay. BIPA 

attenuation is inserted as shown in Figure 2 of Part 
1 of the article. The schematic diagram of the BILAT 

AMP assembly is shown in Figure 14. Part B shows 
the roofing filter FL75 assembly. It contains two four-pole 

filters (eight poles) with a 3 dB bandwidth of approximately  
10 kH . These high intercept filters have been especially 
designed and manufactured for the Star  by Temex Inc. Initially, 
a fifth overtone filter set was designed and tested. The initial 
concern was about the maximum amount of RF drive level these 
filters will see at this point in the system (approximately

5 dBm), at what duty cycle, and how their aging (calculated at 
32 years) will suffer under these conditions, their insertion loss 
and their group delay properties. A second set was designed and 
manufactured by Alpha Components Inc., using a fundamental 
Gaussian design, which can provide better resistance to high 
drive levels.

Figure 14 — This is the schematic diagram for the BILAT AMP assembly. This circuit provides 
high dynamic range selective amplification - bilateral functionality with automatic passive 
isolation (without using relays) between the active section and the off section, depending 
on whether the receive or transmit function is selected. The customary 3 dB impedance 
matching pads at the output of the amplifiers were later eliminated in the interest of gain and 
noise figure.

from part 1 of the article). Thus, the first roof-
ing filter is different in design than the second 
roofing filter.

The roofing filters assembly contains 
two four-pole filters (eight poles composite) 
with a 3 dB bandwidth of approximately 
10 kHz. These high intercept filters have 
been especially designed and manufactured 
for the Star-10 by Temex Inc. Initially, a fifth 
over tone filter set was designed and tested. 
The initial concern was about the maximum 
amount of RF drive level these filters will see 
at this point in the system (approximately 
+5 dBm maximum), at what duty cycle, and 
how their aging (calculated at 32 years) will 
suffer under these conditions, their insertion 
loss and their group delay properties. A sec-
ond set was designed and manufactured by 
Alpha Components Inc., using a fundamen-
tal Gaussian design which can provide bet-
ter resistance to high drive levels. Although 
a narrower bandwidth was desirable, at 
75 MHz, a 10 kHz bandwidth was the best 
that could be done considering all other 
design criteria.

It should be noted that despite popular 
belief, narrowing bandwidth in roofing fil-
ters for up-convert transceivers, although 
very desirable, it is not by far as important 
as creating crunch proof front ends such 
as done in IF75BC. Roofing filters of 3 to 
4 kHz bandwidth at 75 MHz that withstand 
high RF levels are hard to realize and manu-
facture consistently. High dynamic range
75 MHz roofing filters with a 3 dB bandwidth of 
10 kHz and high intercept points are, however, 
possible. Reducing the first IF frequency to a 
lower frequency, can ease the design of these 
filters at the cost of more demanding front 
end filtering to cope with image and spurious 
rejection. Going to low first IFs of, say, 9 MHz 

(A)

(B)
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can allow for narrow roofing filters of 2 to
3 kHz (compatible with the ultimate band-
width required of SSB signals); however, the 
entire idea of a high performance general con-
tinuous coverage transceiver can be thrown 
out the window, resulting in a compromise — 
channelized band-only, coverage.

Returning to the BILAT AMP assembly, 
the AT1 and AT2 pads seen in the BILAT 
AMP have been provided for amplifier 
matching. However, after long experimen-
tation, they have been removed from the 
circuit in the interest of gain and noise figure 
improvements.

The output of the second section of FL75 
is input to the IF9BC assembly along with the 
wide (500 kHz) 75 MHz IF signal intended 
for spectrum analysis (see Figure 2 in Part 1). 
The IF9BC assembly is the second bilateral 
converter which provides 9 MHz receiver IF 
signals to IF9RX and accepts 9 MHz trans-
mitter IF signals from IF9TX. The wide band 
9 MHz IF is further input to IF9NB, which 
in turn, provides oscilloscope, spectrum 
analyzer and noise blanker functions for the 
transceiver. Again, this is shown in the block 
diagram in Figure 2 of Part 1.

Looking at Figure 15, the two 75 MHz 
paths are input at J1 (wide) and J3 (narrow) to 
be converted to 9 MHz IFs separately via two 
independent high level mixers paths (Mix 
1 and 2) in IF9BC using class II, TAK-3H 
mixers as shown.

Figure 15 shows the 84 MHz fixed fre-
quency LO coming from the MRU (master 
reference unit) / PLXO, which is filtered and 
amplified by a class A amplifier and enters the 
IF9BC at J2. The signal is split by the A1 split-
ter (another PSC2-1) and is presented equally 
to the two TAK-3H mixers with a level of 
+17 dBm. The top mixer IF output is filtered 
through a wide bandwidth band-pass filter, and 
is finally amplified by AR1 (a MAR-8 device) 
to be output to the IF9NB assembly at J4. The 
narrow-band 9 MHz IF (with a bandwidth 
equal to the composite bandwidth of the two 
75 MHz roofing filters at FL75) coming from 
MIX2 (the other TAK-3H mixer) is condi-
tioned via the diplexer circuit of L10, C16, R5, 
L9 and C15, and is split by A2. The first half 
is output via a 1.5 dB pad through J5 to go to 
the narrow band receiver IF, IF9RX. The other 
half goes through another 1.5 dB pad and J6 to 
be connected with the narrow band transmitter 
IF when activated. I will explain more about 
this in Part 3.

I will now discuss the previously men-
tioned BIPA function using a Pi configura-
tion PIN attenuator provided on IF9BC. This 
attenuator provides adjustable front panel 
and first IF/RF gain and noise blanking gat-
ing, coming from the IF9NB. It could also 
be used as a second AGC loop (not imple-
mented yet).

In Figure 15, the 75 MHz input coming 
from the BILAT AMP is at J7. The attenu-
ated output resulting from the BIPA circuit 
is available at J8. Control is provided via 
E2A and B. The BIPA attenuator function is 
packaged on a 24 pin PC board layout which 
follows a 24 pin IC module physical design 
approach. A picture of the BIPA assembly is 
shown in Figure 16. The schematic diagram 
of the assembly is shown in Figure 17.

Looking at Figure 17, BIPA uses four 
voltage controlled 5082-3080 PIN diodes in 
a Pi configuration. The design was inspired 
by Raymond Waugh’s article in r a

r a  (reference 13). This design approach 
provides very good impedance matching and 
flat attenuation over a wide frequency band 
and can be used in many applications. In fact, 
I used this circuit in the 9 MHz transmit IF 
as a CW drive controller as we will discuss 
later in Part 3.

This attenuator design is very good. After 
extensive testing at 75 MHz, it was found that 
with a 3.5 V bias at pin 24 and a control volt-
age of 0.3 V dc to 10.2 V dc at pins 10, 11, 
and 12, a range of 43 dB (-45 dB to –2 dB 
minimum insertion loss) of attenuation can 
be obtained. Less than 2 dB insertion losses 
can be obtained with higher control voltages 
according to reference 13. With the circuit 
operated at 0 dBm (a rather high level) the 
third order IMD was -65 dB; at +10 dBm, 
third order IMD was -50 dB. Additional tests 
were conducted using 20 kHz tones spacing 
at 9 MHz (for the IF9TX function) with better 
results (-70 dB). The BIPA control on Star-10,
with improved attenuation characteristics can 
be used not only for manual gain control, but 
also for muting the IF chain as commanded 
by the noise blanker. It can also serve as the 
second AGC control loop in the middle of the 
receiver chain, for an improved AGC system.

It was found that the minimum insertion 
loss of the BIPA circuit as applied in the 
Star-10 system is about 2 to 3 dB (depend-
ing on cables and connectors used). When 
plugging this into the dynamic range analysis 
from Part 1, it can be seen that the MDS can 
be improved if this minimum insertion loss 
number could be reduced further. If imple-
menting this circuit, a special effort should be 
made to further reduce its minimum insertion 
loss through increasing the bias voltage to 
the rail. This proved helpful in improving the 
MDS performance. An MDS of –136 dBm 
(versus the initial –132 dBm) was obtained 
by improving the minimum insertion loss 
and/or shorting out the BIPA circuit. This 
circuit can use a shorting feature utilizing a 
miniature RF relay similar to the one imple-
mented in the preamp from the IF75BC 
assembly. The BIPA circuit is a remarkable 
circuit with outstanding attenuation range 
and IMD performance.

Master Reference Unit (MRU) / PLL 
Oscillator (PL O84)

Next, I will direct our discussion from 
the receiver and transmitter signal path to the 
coherent local oscillators (LO) system used 
in the transceiver. As I previously explained 
in Part 1, Star-10 is a “fully coherent” or 
“fully synthesized” system. This means 
that all local oscillator frequency sources 
in the double conversion superheterodyne 
implementation are locked to a single high 
stability - high spectral purity source whose 
performance is reflected in the total long 
term stability and phase noise performance 
of the system and is directly translated into 
the receiver’s and transmitter’s performance. 
A high performance master oscillator is 
required to provide reference frequencies for 
the synthesizer and all LOs. This master fre-
quency source is the MRU (master reference 
unit) which generates the 84 MHz reference 
frequency local oscillator to be used further 
by the synthesizer (FRU) – FSYNTH and 
also as a direct fixed LO for converting the 
75 MHz bilateral IF to the 9 MHz bilateral 
IF in IF9BC. Thus, the 84 MHz - MRU LO 
serves as both, a high quality reference for 
the two DDSs in the FRU - FSYNTH, as well 
as a high quality fixed LO for the second con-
version. A fully coherent system with equally 
good phase noise performance at all mixer 
ports results.

Before going into the circuit descrip-
tion of the MRU, it should be noted that in 
calculating the phase noise contributions of 
all LOs in a complex coherent RF system 
such as Star-10, a careful synthesizer analy-
sis should be performed to insure that they 
are all fully compatible with each other and 
with the MDS - phase noise and spurious 
performance of the radio itself. This means 
that synthesizer performance at all receiver/
transmitter LO ports should be equally good 
throughout as phase noise translates directly 
dB per dB (minus the mixer loss) into the 
MDS of the radio within the IF band-pass 
of interest. Many receiver and transceiver 
designers do not take this fact into consid-
eration as witnessed by receiver MDS being 
sometimes obscured (phase noise limited) by 
the converted poor phase noise. This rule also 
applies to frequency doublers of lower refer-
ence frequencies (for example  32 MHz  2 
for 64 MHz) being commonly used to obtain 
master reference frequencies, implementation 
that loses phase noise performance by 6 dB
(20 log 2) through the doubling process by 
the time it gets to the synthesizer and reflects 
badly in the LO outputs.

Synthesizer design should start with the 
highest technologically feasible reference 
frequency and dividing it down from there if 
necessary (not multiplying up as some com-
panies do) and partitioning the synthesis for 
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Figure 15 — This schematic diagram shows the circuit for IF9BC, the 9 MH  IF/bilateral converter.
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the various conversions such as to be fully 
comparable and balanced between all con-
version stages. It does not do a system any 
good to have a good synthesizer as the first 
LO, while the second and third LOs in the 
multiple-conversion RF system are inferior 
in phase noise performance. The composite 
results will always reflect the worst LO per-
formance.

The Star-10 MRU schematic diagram is 
shown in Figure 18. The actual MRU assem-
bly implementation is shown in Figure 19. 
Looking at Figure 2 of Part 1, it can be seen 
that the MRU consists of a 10 MHz OCXO 
providing the system’s long-term stability of 
1  10-8 after a 30 seconds warm-up, and an 
84 MHz PLXO, locked to the stable 10 MHz 
OCXO for high Q – good phase noise perfor-
mance of the 84 MHz master reference.

Looking at Figure 18, the Star-10 MRU 
utilizes an 84 MHz - precision cut (0.001%) 
fifth overtone Quartz crystal (X1) with one 
side of the crystal grounded in a phase-
locked series resonant Colpitts oscillator 
arrangement comprised of Q1 (2N5179), 
L2, L3, C3, C4, R2, R3 and R4. The Colpitts 
approach was chosen because of its well- 
known circuit stability while the 0.001% 
Quartz crystal cut was chosen to guarantee 
initial start-up almost on frequency before 
locking occurs. C3 and C4 are high Q, silver 
mica capacitors customary of the Colpitts 
implementation.

Looking at Figure 18, the 84 MHz Colpitts 
oscillator is initially tuned within its narrow 
resonance range via L2 and L3, which were 
calculated to resonate the Colpitts circuit on 
the fifth overtone of the crystal. Additional 
tweaking was required to bring the circuit into 
resonance due to board stray elements with 
L3 being the key-tuning element. This coil is 
wound using seven turns of 20 wire on a  
inch molded plastic form and using a high-Q 
aluminium core as an initial frequency control 
element. L2 is wound in a similar fashion. 
More detail about this kind of circuit and its 
PLXO implementation can be found in refer-
ence 14, which is available on my Web site 
listed at the end of this article.

The initial free running 84 MHz oscil-
lator is digitally divided down by 84 for a 
1 MHz square wave reference signal to be 
phase compared against a 1 MHz precision 
frequency signal obtained from the 10 MHz 
OCXO, as compared against the 10 MHz 
WWV signal. Upon power on of the Star-10,
the default-received frequency is the 10 MHz 
WWV. An exclusive OR phase detector is 
used to obtain a dc correction signal which is 
fed back to the 84 MHz Colpitts oscillator via 
a simple loop filter and a varactor.

Here is how it works. Upon applying 
power to the MRU assembly, the high per-
formance, low phase noise Colpitts Quartz 
oscillator starts up almost on frequency due 
to its 0.001% precision cut. The clean sine 
wave generated is further amplified by Q2, a 
2N5109 transistor. The signal is then filtered 
using a similar 84 MHz Quartz crystal at X2 
and is presented to the divide by two digital 
divider U1, a UPB1509. This high quality 
chip has analog to digital conditioning cir-
cuits, which allow for a clean 42 MHz signal 
to be produced. The 42 MHz analog signal 
is further conditioned/filtered in the IC for 
extremely low jitter, only to be filtered again 
via a 42 MHz tubular Quartz crystal filter at 
X3. The signal is finally presented to U2, a 
MAX999 low jitter comparator. The thresh-
old of this chip is adjusted via a ten-turn 
potentiometer, R10. The MAX999 compara-
tor is billed to guarantee a 4.5 ns propagation 
delay time at 100 MHz. This implies low jit-
ter performance with rise times in the range 
of 2 ns or less, but experiments comparing 

the 84 MHz directly through this device 
showed a relatively noisy signal. Thus, the 
divide by two conditioning resulted. Using 
a 42 MHz (less than half its frequency spec) 
signal into the comparator showed superior 
and stable (low jitter) results.

The clean 42 MHz square wave signal 
at U2 pin 1 is further presented to a digital 
divider string comprised of U3 and U4, two 
74161 chips for a divide by 42 (7 and 6) 
function. A clean 1 MHz square wave results 
from the 84 MHz Colpitts oscillator, which 
is further presented to U9A, an exclusive OR 
phase detector. Further signal conditioning 
is achieved using U6, a high-speed 54S00 
used as sequential gates. The other side of 
the phase detector is presented with a highly 
accurate 1 MHz comparison signal derived 
from the 10 MHz OCXO through another 
MAX999 comparator and a 50% duty cycle 
– divide by 10, IC at U8, a 74LS290 part.

It should be noted that the exclusive 
OR phase detector was chosen on purpose 
because of its narrow Pi/4 capture range 
which is exactly what is needed to lock a 
0.001% deviation Quartz crystal over the 
operating temperature range of interest. 
Using a wider phase detector would result in 
more searching and additional jitter translat-
ing into inferior phase noise performance 
(something some engineers never learn). 
Exclusive OR phase detectors need 50% duty 
cycle digital signals, and locked condition is 
achieved when the two reference signals are 
out of phase by 90 degrees. These conditions 
are fully achieved in the Star-10 MRU design 

Figure 16 — Actual implementation of the 
BIPA Pi attenuator used in the IF9BC and the 
IF9T  assemblies. Figure 17 — This is the BIPA circuit diagram.
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(note: A quieter mixer type phase detector 
was briefly considered, but found unneces-
sary since superior phase noise performance 
was already achieved with the simple exclu-
sive OR design – see Specification table in 
Part 1).

The loop correction voltage is obtained at 
U9A pin 3. The signal is applied through the 
loop filter comprised of R11, R12 and C19 to 
the varactor CR1, a BB109. The loop correc-
tion signal (2.5 V dc when locked) is fed back 
to the 84 MHz Colpitts oscillator at the point 
between C3 and C5 which also serves as the 
output point of the locked 84 MHz oscillator 
to be amplified by Q3, Q4, Q6, and filtered 
by X4, X5, over two channels to provide 
+10 dBm to +13 dBm fixed reference signals 
to FSYNTH and serve as a second LO drive 
in IF9BC. Two additional fifth order tubular 
narrow band pass filters visible in Figure 19 
help reducing further any harmonic spurious 
content.

It was initially feared that the 1 MHz ref-
erence square waves would generate multiple 
markers at every MHz throughout the HF 
range. Because of the comprehensive filter-
ing, used, this has not been the case.

For more in depth information on the 
works of a PLXO MRU and its exclusive OR 
phase detector, please refer to references 14, 
15 and 17.

Operation of the MRU is simple and 
automatic. Upon turning the power ON to 
the Star-10 transceiver, the loop searches 
within the first 30 seconds for the 10 MHz 
OCXO signal, which is forced into a quick, 
warm up mode (the oven heaths up). The
84 MHz signal searches back and forth quickly 
at a decreasing frequency of approximately
10 Hz and down until the oven in the 10 MHz 
OCXO reaches its internal temperature (over 
100 degrees F) and an exact 1 MHz reference 
signal is obtained and heard by the receiver 
beating against the 10 MHz WWV signal. A 
front panel yellow LED reports to the opera-
tor this lock-up process. At this point (MRU 
locked), the receiver can be redirected to the 
frequency of interest via the keypad, or via 
the optoencoder using the proper digit under-
score marker on the main dial. All LOs in 
the Star-10 are now coherent with the MRU 
and WWV within 1 × 10–8 and operation can 
begin. The radio is now guaranteed to be 
exactly on frequency in receive or transmit 
regardless of where it is tuned within the 
1.8 MHz to 30 MHz range. No drift.

Frequency Reference Unit (FRU) 
Frequency Synthesizer - (FSYNTH)

The frequency synthesizer in the Star-10
transceiver is a microwave DDS-Driven 
PLL running from 770 MHz to 1050 MHz. 
The idea of DD-Driven PLL is not new. I 
introduced this idea at RF Expo – 1988, 

in Anaheim, California (see reference 15). 
Since then, the majority of transceivers on 
the market use this concept to generate high-
resolution local oscillators frequencies. The 
synthesizer in Star-10 goes a step further by 
generating the LO frequencies at ten times 
the required frequency range, or 770 MHz 
to 1050 MHz for improved phase noise 
performance after a division by 10, which 
facilitates a 6 dB improvement at the divided 
down 77 MHz to 105 MHz. This design takes 
advantage of the reduction in percentage 
bandwidth offered by the microwave design 
by using a single VCO (instead of four). The 
FSYNTH design has been discussed in detail 
in references 16 and 17. Additional informa-
tion can be found in reference 18. The sche-
matic for the FSYNTH assembly is shown in 
Figure 20 and its physical implementation is 
shown in Figure 21.

Looking at Figure 20, the FSYNTH 
assembly uses two DDSs, both AD 9850 to 
generate the variable PLL reference for the 
DDS-Driven PLL LO as well as the BFO 
LO. The 50-ohm 84 MHz reference signal 
coming from the MRU PLXO is input to the 
FSYNTH assembly at J1. From this point 
on, it is equally distributed between the two 
AD 9850 DDSs at pins 9 of U1 and U2. The 
word-clock commands information for both 
DDSs coming from the DFCB command 
and control assembly are input at J1. The 
command and control assembly will be dis-
cussed later. The resolution of the top DDS 
(U1) is 1 Hz and results in 10 Hz after it gets 
multiplied by 10 in the PLL loop of the DDS-
Driven PLL part of FSYNTH. The highly 
filtered (to prevent spurious) BFO DDS has a 
resolution of 10 Hz. The ultimate resolution 
of FSYNTH as reflected in the transceiver’s 
ultimate resolution from 1.8 MHz to 30 MHz 
is 10 Hz. For a much more in depth explana-
tion of how the FSYNTH assembly works, 
please refer to reference 17, page 5. This ref-
erence is available on my Web site, which is 
listed at the end of this article.

Although new and improved DDS 
devices have evolved since the introduc-
tion of the AD9850, the fact remains that 
spurious performance is still the main chal-
lenge in DDS systems used as simplistic 
direct synthesizers, despite new and clever 
noise cancelling techniques that have been 
recently introduced. (See Analog Devices 
AD9959 Application Note: www.analog.
com/UploadedFiles/Data_Sheets/AD9959.
pdf, p 11.) 

As such, the AD9850, if used prop-
erly, remains the workhorse of the Analog 
Devices family of DDS ICs even after all 
these years. An AD9850 DDS device used 
in a well-controlled, tight-loop, DDS-driven 
PLL can indeed exceed the spurious perfor-
mance of simplistic DDS-only synthesizers 

using even the most modern DDS devices. 
The secret of this superior performance 

lays in a combination of design parameters, 
primarily in choosing a correct Nyquist ref-
erence frequency (References 15, 16, 17), 
and the proper interface of the DDS with the 
PLL phase detector, combined with a well 
designed loop filter in the PLL.

The FSYNTH performance has been 
improved since its original design through 
constant tweaking of the loop filter and a 
better selection of parts in the microwave 
divider section and the squaring circuits. This 
design is capable of -133 dBc/Hz perfor-
mance from 2 kHz through 20 kHz offset at 
the divided down output. This performance 
has been tested and documented as shown in 
Figure 22. Further phase noise improvements 
will be discussed in Part 3.

Additional improvements in phase noise 
performance can be obtained by altering the 
loop bandwidth and other circuits at the cost 
of other parameters such as end-to-end syn-
thesizer lock-up split operation and others.

Command and Control Assembly 
(DFCB)

The command and control assembly - 
DFCB is the heart of the Star-10 transceiver. 
It provides the smarts and the friendly user 
interface for the system. The system con-
trol is achieved through the microprocessor 
board (part of DFCB) which houses the PIC-
17C44 chip discussed in Part 1, its associ-
ated hardware, software, and the back-light 
LCD display assembly viewable through the 
front panel. This is packaged together on the 
DFCB, and is used together with the keypad 
data entry board and the optoencoder and 
all other user interfaces and controls located 
behind the front panel of the transceiver as 
shown in Figure 23.

The command and control system 
addresses all frequency and mode com-
mands in the FRU — FSYNTH, as well as 
the various associated frequency selection 
commands to the half-octave front end filter 
banks, the ultimate bandwidth and mode 
selection commands for the receiver IF9RX 
and IF9TX, the T/R control commands, 
debouncing delayed Morse code key com-
mands which work in conjunction with the 
synthesizer split lock-up functions and even 
display light intensity and multiple sound 
feed-back tones audible through the receiv-
er’s audio amplifier upon depressing keys on 
the key pad data entry shown on the right side 
of Figure 23.

The microprocessor code embedded into 
the command and control system is repre-
sented by what the Star-10 transceiver really 
does, as commanded from the front panel of 
the radio. The command and control - DFCB 
system is primarily capable of addressing 



34   QEX – Mar/Apr  2008

Figure 18 — Circuit diagram of the MRU.
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either the main loop DDS-Driven PLL or the 
BFO DDS. The main synthesizer loop (the 
DDS-Driven phase-locked microwave loop) 
is controlled through direct keypad entry as 
taken over by the optoencoder. When in the 
mode select mode, the keypad controls the 
microprocessor such that the BFO/DDS-2 
follows a fixed programmed function/fre-
quency offsets from the nominal 9 MHz and 
as changed by the USB, LSB, CW, CWN, 
AFSK commands requirements. This pro-
grammability along with the entire trans-
ceiver’s frequency sources programmability 
was previously shown in Table 1 of Part 1. 
Up/Down arrow commands are used on the 
keypad to enter RIT and RX and TX - PBT 
offsets. The PBT function allows selected 
TX or RX offsets to vary ± 1.5 kHz moving 
the IF BW and other sources in either side of 
the zero in either transmit or receive by using 
the main tuning knob. Once set, the IF PBT 
remains memorized, to be reset back only 
by the power off function. The RIT function 
accessible through the main knob when in 
RIT mode, allows for ± 9.9 kHz received 
frequency offset from nominal and gets reset 
to nominal zero by turning the transceiver 
power off. The schematic diagram of the 
DFCB assembly is shown in Figure 24.

Looking at Figure 24, the heart of the com-
mand and control system, DFCB is the PIC-
17C44 microprocessor at U4. As can be seen, 
all I/O ports have been thoroughly used by 
the Star-10 design. The microprocessor runs 
at 32 MHz as shown using the Quartz crystal 
oscillator X1 at pins 19 and 20. The reason 
for this frequency choice was described in 
Part 1 of this article series. Harmonics and 
products of this oscillator are outside of the 
receiver bandwidth. The switching RF noice 
produced by the display (which can be heard 
on a pocket AM Broadcast radio held in front 
of the display) does not impact the receiver 
because of the considerable shielding of the 
assemblies. There is absolutely no impact on 
the receiver MDS.

The keypad interface is shown on the left 
side of the drawing. The keys are arranged 
in a matrix of switches that address the 
microprocessor through closing user com-
manded keys via J4 A and B and through 
the 74HCT138 decoder demultiplexer at 
U2. Two OPTREX DMC-16230 N - EB 
displays (DISP 1 and DISP 2) using mul-
tiple green LEDs behind a dot matrix LCD 
for backlighting, are wired and addressed 
in parallel from the I/O ports as shown. 
Contrast adjustments are provided through 
R2 and R3. A switched “bright” function is 
facilitated by pulling more current through 
the display LEDs via the IFR510 FET at Q1. 
The bright command as well as the sound 
feedback command are implemented via the 
microprocessor by touch-pushing the main 

tuning knob through the push-push switch 
provided in the optoencoder. The optoen-
coder is an inexpensive 32 positions Clarostat 
unit wired through J2 directly into the I/O 
ports as shown. The 99 memories function 
is provided by the permanent memory IC, 
25C060 at U1. Memorizing a frequency is 
easy by using the MR and ENTR functions 
on the keypad. The memorized frequencies 
are not erased with power off. They can only 
be erased by using the keypad and entering 
a new frequency in an addressed memory 
number from 1 to 99. The half-octave fil-
ters (receiver band-pass and transmitter 
low-pass) are selected automatically by the 
microprocessor and output through another 
74HCT138 — a three to eight line decoder 
demultiplexer at U3 and through a tri-state 
inverting octal buffer, 74HC240 at U6. These 
logic signals are further carried via connec-
tor J5 to the half-octave filter banks via the 
mother board connectors located on the back 
of the main shelf as previously discussed. 
The logic arrangement at U5 A, B, C and D 
is intended for debouncing functions through 
the I/O interface connectors. Additional 
command and control signals are provided 
from this assembly to the FSYNTH, IF9RX, 
IF9TX and the T/R assembly via the J1 and 
J3 connectors. As with all other assemblies 
in the Star-10, proper voltages and regulation 
are provided via on-board variable and fixed 
regulators, in this case, a 7805 at VREG1. 
For reason of simplicity, the three LEDs that 
work in conjunction with the AIPA selector 
have not been shown in Figure 24. This com-
pletes the DFCB assembly description.

9 MHz Narrow Band Receiver IF 
(IF9RX)

I will next discuss the receiver narrow-
band IF — IF9RX. Its design was briefly 
presented in Part 1 of this series. The ulti-
mate receiver bandwidth requirements are 
established through the IF9RX assembly 
and its custom made Quartz crystal fil-

ters. Commands are received through the 
command and control assembly, DFCB. 
Conversely, the transmitted bandwidth for 
the SSB/AFSK transmit functions is estab-
lished through a similar filter bank in the 
IF9TX assembly. This will be discussed later 
in Part 3 of this series.

As can be seen from Figure 2 of Part 1, the 
IF9BC main receiver output is further input 
to the IF9RX assembly. This IF path achieves 
the ultimate receiver bandwidth selection and 
amplification as commanded by the com-
mand and control assembly, DFCB.

The IF9RX board provides approxi-
mately 100 dB of AGCed gain (80 dB AGC 
control plus filter insertion loss compen-
sation) using three high dynamic range
(+15 dBm IP3) AD-603 logarithmic/linear 
IF blocks from Analog Devices. This choice 
was made after an intense search for the right 
amplifier device. Initially, the old and popu-
lar MC-1590 device was considered based 
on prior art (reference 19). After intense IP3 
tests in the KG6NK laboratory using two-
tone signals (1.5 kHz apart) at 9 MHz, with 
and without AGC applied, the IP3 perfor-
mance of the MC-1590 was found to be infe-
rior. The idea was quickly abandoned.

Several other choices were considered. 
Among them were the Analog Devices 
AD600, AD602, AD603, AD604, AD605 
and Cougar AGC230. The Cougar device, 
while offering a third order intercept point of 
+21 dBm, was too expensive for this applica-
tion. After ample conversations with Dana 
Whitlow of Analog Devices, I zeroed in on 
the AD603, an inexpensive high performance 
device. This is a low noise device with a band-
width of 90 MHz, which can be powered from 
a single 10 V supply. It is a voltage-controlled 
amplifier, which provides gains of +9 dB to 
+51 dB (42 dB) and a “linear in dB” accurate 
and stable range suitable for a linear — in 
dB — S-meter indicator. It offers a –67 dBm 
AGC threshold. Its IP3 is +15 dBm. Its noise 
figure is billed at 8.8 dB. Quick system cal-
culations revealed that if using two AGCed 

Figure 19 — The Star-10
MRU assembly uses an  
84 MHz PLXO for good 
phase noise as locked to 
a 10 MHz OCXO (WWV 
compared) for long term 
stability of 1 × 10–8. A 
simplified version was also 
developed using a 16.8 
MHz TCXO (bottom photo) 
but was abandoned due to 
the inferior stability of the 
TCXO as compared with the 
OCXO.
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AD603 devices cascaded with switched in 
Quartz crystal filters and followed by a third 
AD603 programmed to compensate for fil-
ters insertion loss can provide slightly over 
100 dB gain with about 80 dB of AGC. Gain 
system implications revealed that AGC action 
and consequently S-meter action would start 
at approximately – 103dBm signal at the 
receiver antenna input or an S-3 signal level. 
This was deemed as a good enough compro-
mise considering the circuit complexity and a 
linear range of 70 dB shown on the S-meter 
from an S3 to an S9 plus 40 dB signal level.

Several breadboards were constructed 
and tested together with Dana Whitlow and 
Constantin Popescu, (KG6NK) using these 
ideas, and based on Analog Devices recom-
mendations (see reference 20). An actual 
to-size first cut board was laid out courtesy 
of Bruno Santalucia (I6YPK). Because of 
the 100 dB gain provided by this important 
board, and the limited board size of 5.5  4.5 
inches, the IF9RX board had to be laid out 
again to prevent possible oscillation. A special 
effort was made by KD7KEQ to provide extra 
ground stitching for the final layout.

The IF9RX concept was briefly discussed 
in Part 1 of this series. A block diagram and 
discussion appears in Figure 5 of Part1. The 
IF bandwidth selection is provided by four 
8-pole crystal filters for a total of 32 possible 
poles of selectivity. Instead of selecting indi-
vidual filters as in conventional IF designs, 
the Star-10 IF9RX filter assemblies are com-
bined in a cascaded AND function (rather 
than an OR function) for a total of 32 poles 
(plus the 8 poles composite roofing filter) of 
superb selectivity. This cascaded architecture 
makes the IF9RX a unique design that works 
in tandem with the system’s command and 
control software. 

As shown in Figure 5 of Part 1, two 8 pole 
crystal filters with a bandwidth of 2.4 kHz 
are always used at the beginning and the end 
of the 9 MHz IF chain for good noise man-
agement. This idea was inspired by standard 
RF design procedures and by reference 18. 
Additional 8 pole crystal filters of narrower 
bandwidths are inserted or removed between 
the gain stages (for a maximum of 32 poles in 
CW Narrow mode) depending on the mode 
selection and as commanded by the DFCB. 
The selection is achieved with miniature RF 
Teledyne relays, just as in the front end of 
the radio (no diode switching for RF paths 
in this radio). Automatic insertion loss com-
pensation control is achieved depending on 
the diverse filters configurations chosen so 
there is no difference in signal amplitude and 
S-meter reports when changing filters and 
bandwidths.

The schematic diagram for the IF9RX is 
shown in Figure 25 and the actual implemen-
tation of the assembly is shown in Figure 26.

Here is how it works. Looking at Figure 
25, the 9 MHz receiver IF signal coming 
from one side of the bottom splitter in IF9BC 
is input to the IF9RX assembly at J3. It is 
then passed through the first 8-pole, 2.4-kHz-
wide quartz filter, XF1. This filter and XF4 
(an exact similar filter intended to limit the 
noise content of amplifiers) are always in 
the circuit. Two cascaded AD603 amplifiers 
U1 and U2 follow the first filter. They are 
AGCed at point A via the circuit containing 
Q8, Q9, Q10 and U7A. The AGC signal is 
derived at U3 as shown. AGC ON/OFF and 
time constant (FAST/SLOW) functionality 
from the front panel are provided through 
J1 along with IF gain and MUTE functions 
(through Q7). The attack time is fast in all 
modes (<2 ms) while the fast decay time is 
0.5 seconds and the slow decay time is 4 sec-
onds. The output of the AGCed amplifiers at 
U2 is further cascaded via additional Quartz 
filters XF2 and XF3. The operator controls 
the filter selection and insertion loss compen-
sation from DFCB via the keypad depending 
on the mode and bandwidth selected. The 
filters are merrily inserted in the circuit or 
shorted out using miniature Teledyne RF 
relays as shown. Control signals are applied 
to U4, U8 and the relays (K1, K2, K3, K4, 
K5) via J1 and J2 as shown. The output of 
XF3 is further presented the third AD603 at 
U3 which inserts fixed gain compensation as 
set by R33 and R40 depending on the narrow 
filters selected (XF2 or XF3).

It should be noted that “narrow” means 
different things in different modes. In SSB 
for instance, “narrow” means that XF2
(1.8 kHz) was selected, while in CW or AFSK, 
“narrow” selects XF2 (1.8 kHz) and XF3
(500 Hz) for a total of 32 poles of cascaded 
selectivity. Conversely, “wide” means different 
things in different modes: In SSB for instance, 
“wide” uses XF1 and XF4 (both 2.4 kHz,  
16 pole filters) while in CW, “wide” selects 
XF2 (1.8 kHz) together with XF1 and XF4 
for 24 poles of filtering. The intelligence for 
these selections is actually built into the DFCB 
assembly and is part of the software design. 
The computer in DFCB actually understands 
which mode was selected from the keypad and 
makes the right decisions accordingly.

Metering functionality by switching from 
the S-meter function in receive to the RF 
power meter function in transmit is provided 
through J2 via K5. IF gain control is wired to 
the front panel control potentiometer via the 
J1 connector.

Some of the circuits in IF9RX are powered 
directly from 12 V dc. The AD603 amplifiers 
are powered from the +12 V dc input E1 
through U5, a programmable LM317 regula-
tor set at 10 V dc. Additional 5 V dc power 
is supplied to the 75451 line drivers (U4 and 
U5) via a 5 V dc regulator, U6.

Despite its relatively simple apparent 
design, the IF9RX assembly has been a chal-
lenging IF to implement, because of the very 
high gain requirements and the relatively 
small space available on the board. Its novel 
cascaded functionality has proven to be well 
worth the extra effort of diverting from the 
classic “one filter at the time” mode selection 
of the past.

This concludes Part 2 of this article series. 
In Part 3, I will discuss the receiver product 
detector Assembly (PDAF), the transmit / 
receive (T/R) controller, the 9 MHz transmit-
ter IF (IF9TX), additional assemblies, power 
linear amplifier, the EMI-quiet switching 
power supply, putting it all together, the final 
performance tests and conclusions as well as 
the lessons learned.
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Figure 20 — Schematic diagram for the Star-10 frequency reference unit (FRU), FSYNTH.
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assembly 
implementation.

Figure 22 — Phase noise 
performance of the Star-10
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This test was performed 
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Figure 26 — Actual implementation of the IF9RX assembly. A specific double side 
ground plane stitched - plated through layout is used to maximize isolation between 
input circuits and output circuits in order to prevent oscillation in this very high 
gain (100 dB) assembly. All Quartz filters on the assembly have been expressly 
manufactured for the Star-10 by International Filter Company.
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Figure 24 — Schematic diagram of the DFCB command and control system.
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Figure 25 — Schematic diagram of the IF9RX assembly. Two 2.4 kHz - wide filters (one at the IF input and one at the IF output) are always 
in the circuit. Additional filters for SSB narrow (1.8 kHz) and CW/AFSK narrow (500 Hz) are inserted or shorted out from the command and 
control DFCB assembly using the keypad and the intelligence built into DFCB microprocessor. Two AD603s are used for AGCed gain and 
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a third AD603 is used after the 1.8 kHz filter and the 500 Hz filter to compensate for the insertion loss of the selected filters. All filters are 
cascaded in an AND function rather than selected individually in an OR function, to optimize shape factor and depending on the mode and 
bandwidth selection. 32 poles of maximum filtering are possible.
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Carbon Composition, Carbon Film 
and Metal Oxide Film Resistors

Resistance, inductance and capacitance data was measured  
for various resistor construction types

Jack R. Smith, K8ZOA

7236 Clifton Rd, Clifton, VA 20124  Jack.Smith@cliftonlaboratories.com

1Notes appear on page 53.

While it’s no secret in the Amateur Radio 
community that carbon composition (CC) 
resistors drift with age, I had filed that bit of 
knowledge in the back of my mind, as it’s 
been some time since I built a project with 
a CC resistor.1 Like all good builders, I’m a 
pack rat, and recently ran across a stash of a 
few hundred ½ W CC resistors when looking 
in a remote corner of the garage for a hose 
nozzle. These resistors were purchased new in 
the early 1960s, to the best of my knowledge, 
and were still in International Resistance 
Corporation original factory “Grip Reel” 
packaging. Curiosity led me to measure these 
resistors to see if they were still “in spec” 
after 45 years or more in uncontrolled stor-
age. Those measurements suggested further 
exploration to see how these “new old stock” 
parts stacked up with modern carbon film and 
metal film general purpose resistors, in terms 
of tolerance, high frequency response, induc-
tance and stray capacitance. 

Carbon Composition Construction
With CC resistors now largely relegated 

to special purposes, they may not be famil-
iar to newer amateurs.2 Ohmite, one of the 
few remaining manufacturers of CC parts, 
describes their construction this way:

Carbon composition resistors are manu-
factured by extruding a blend of carbon and 
organic binders inside a phenolic outer body. 
The extrusion is cut to length, leads inserted, 
cured, and marked to form a finished resistor. 
The carbon and binder mixture is adjusted 
to produce different resistance values. The 
resistors are sorted for 5%, 10%, and 20% 
tolerance values.3

Figure 1 is a notional diagram of a
typical CC resistor, and Figure 2 is a 
4700 , 2 W CC resistor cut in half longitu-
dinally. The carbon particles are microscopic 
and cannot be separated from the binder 

material with the naked eye.
Figure 1 has several points of note:
1) Contact between conducting carbon 

particles is mechanical and depends upon 
the pressure exerted by the binding material. 
This pressure, and hence the resistor value, 
can vary with time, vibration and tempera-
ture cycling. 

2) The body is not hermetically sealed; 
hence moisture may ingress and increase 
inter-particle resistance, thereby increasing 
the resistor value. 

3) Since the material is not homogenous, 

capacitance between particles provides an 
alternative path, as illustrated in Figure 3. 
At radio frequencies, therefore, the resistor 
value will be below its dc resistance.4

4) The relatively large end plugs also have 
capacitance between them.

5) The CC resistor structure lends itself to 
minimum inductance as it is a straight, linear 
conductor.

6) Since the construction relies upon 
mechanical contact between adjacent par-
ticles, CC resistors are prone to generating 
excess noise.

Figure 1 — This diagram illustrates 
the typical construction of a carbon 

composition resistor.

Figure 3 — The mixture of carbon particles 
and nonconducting binder material is not 

homogenous. In addition to the conductive 
path through carbon particle contact, 

there is some capacitance between nearby 
particles, creating a capacitive alternate path 

through the resistor for ac signals.

Figure 2 — This photo shows a 4700 , 2 W carbon composition resistor that has been cut in 
half along its length.
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7) Heat generated during a short-term 
overload is distributed relatively uniformly 
through the entire resistor.

Carbon and Metal Film Construction
As their name suggests, carbon film 

(“CF”) and metal film resistors use a thin film 
of carbon or metal or metal oxide as the resis-
tive element. Carbon film is commonly used 
for 5%, ¼ W parts, with metal or metal oxide 
film found in precision and high power resis-
tors. The film is deposited over a ceramic 
tube, trimmed to final resistance value, and 
given a protective coating and color coding 
stripes or other identification. 

The conceptual rub in this statement, how-
ever, is “trimmed to final resistance.” The film 
is deposited with a thickness and composition 
so that the resistance is significantly below the 
desired value. The deposited film is mechani-
cally cut away until the target resistance is 
achieved, using either a laser or a diamond-
tipped tool. Each CF resistor is individually 
measured and trimmed, a highly automated 
process. Figure 4 shows three ¼ W CF resis-
tors with the protective coating removed. All 
three resistors exhibit a spiral pattern. These 
resistors, at least, are combination inductors 
and resistors. I’ve also checked 1 W and 2 W 
metal oxide film resistors and found them to 
also have the same spiral cut pattern. It would 
be possible to trim the film with a less induc-
tive pattern, but all the resistors I’ve looked 
at are spiral cut. Later in this article, we’ll 
explore whether this inductance is actually 
a problem, and whether CF resistors look 
inductive or capacitive at HF and VHF.

To summarize the CF construction-
related issues:

1) It avoids most of the particle-associated 
flaws of the CC resistor, as the resistance is a 
single structure.

2) Spiral trimming forms an inductor, 
albeit of low value.

3) Since each individual part is measured 
and trimmed, adherence to tolerance will be 
better than for a CC part.

4) Both the ceramic substrate and film 
retain usefulness at elevated temperatures, 
with 100°C or greater ratings common.

5) The film composition can be selected 
for temperature stability, with metal film 
being better than carbon film.

6) During a short-term overload, it is pos-
sible for a “hot spot” to form and damage the 
conductive film causing an open circuit.

Surface Mount Construction
Surface mount resistors are commonly 

available in “thick film” and “thin film” 
types. Both are constructed on a ceramic 
(usually alumina) substrate, generally with 
a fired-glass protective coating. Thick film 

parts are manufactured with a process similar 
to printing — a paste containing a conduc-
tive material, such as ruthenium dioxide, is 
silk screened onto a large substrate and then 
baked at a high temperature until it fuses into 
a solid. By varying the conductive/non-con-
ductive mix of the paste, different resistances 
are produced. 

Thin film parts sputter or vacuum deposit 
the film onto the substrate, which can be 
alumina or more exotic materials, such as 

quartz or Beryllium oxide. Thin film material 
includes tantalum nitride, ruthenium dioxide 
and nickel chromium, among others. If more 
complex structures are required, the depos-
ited material can be further processed by 
photo etching, similar to the way integrated 
circuits are manufactured.

Abrasive or laser trimming is used to 
bring both thick and thin film parts into toler-
ance. Likewise, cutting the larger substrate 
into individual parts, coating them with a 
glass surface, applying end caps and printing 
component values is required for both thin 
and thick film resistors.

To summarize surface mount construc-
tion-related performance issues:

1) Parts have no leads and physically 
small size, reducing their stray inductance 
and capacitance. Their structure is a linear 
conductor, which further minimizes induc-
tance.

2) Individually trimmed parts will be 
close to nominal value.

3) Thin film parts are generally manu-
factured in tighter tolerances than thick film 
parts and are more expensive.

Sample Parts Tolerance
I started my research into resistors out 

of curiosity over the old ½ W CC resistors 
found in my garage, and my first measure-
ments looked at the resistance of these old 
parts. The values varied from 3.3 k  to
1 M , with a mix of 5% and 10% tolerance, 
and generally between five and ten parts 
of each value. Figure 5 compares the mean 

Figure 4 — Here are three carbon film 
resistors, shown with their protective coating 
removed. The spiral cuts into the conductive 

film are easy to see.

Figure 5 — This graph shows the average measured values of some old carbon composition 
resistors compared with their nominal values (100%). The limits show the 5% tolerance and 

10% tolerance range.
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value of these resistors to their tolerance lim-
its. By “mean value” I mean the average of 
all of the resistors of each value. In measur-
ing the CC resistors, I found one or two that 
were clearly defective, and excluded them 
from the data.

I used a General Radio 1658 Digibridge 
to measure these values, after first verifying 
its accuracy by comparing it against new 
0.1% tolerance resistors as well as an HP 
3456A and an HP3568A digital meter. The 
verification showed agreement well within 
the Digibridge’s rated ±0.1% accuracy. The 
Digibridge makes resistance measurements 
at 1 kHz, while the two HP digital meters 
operate at dc. For resistor values and con-
struction considered in this article, there is no 
difference at the 0.1% level between 1 kHz 
and dc data. All three instruments use Kelvin 
“four-wire” techniques, effectively cancel-
ling test lead resistance. I used a Quadtech 
1689-9601 BNC adapter box with Quadtech 
7000-05 “Chip Component Tweezers” to 
measure surface mount parts with the 1658. 
This combination extends the ±0.1% four-
wire measurement ability of the 1658 to the 
tweezers tip.

As Figure 5 shows, the mean values have 
all shifted upward, by at least 5%, and there’s 

no obvious correlation between the nominal 
value and degree of shift. Further, the 5% 
and 10% tolerance parts seem to have shifted 
similar percentages. In fact, none of the 5% 
parts had a mean value within tolerance. 
Some individual resistors were within 5% 
tolerance, but those were uncommon.

The normal explanation for upward 
drift in CC resistors is storage under humid 
conditions which causes changes in particle-
to-particle contact. Age alone, even under 
dry storage conditions, also causes a similar 
upward drift in component value for the same 
reason, although humidity apparently accel-
erates the drift. The resistors in my garage 
were exposed to 20 years of hot, humid 
northern Virginia summers and cold winters, 
as well as being at least 40 years old. To test 
the degree of drift, I purchased 100 new CC 
resistors, manufactured by Xicon, with a
4.7 k  nominal value in ¼ and ½ W rat-
ings. I measured 50 of each power rating as 
well as 50 4.7 k , ¼ W carbon film resis-
tors. I also measured 34 5% 4.7 k  1206 
thick film surface mount resistors and 34 1%
4.7 k  1206 thick film surface mount resis-
tors. Figure 6 and Table 1 present the results 
of those measurements. Interestingly, three 
of the 50 new ¼ W CC resistors were outside 

the 5% tolerance band. More important, of 
course, is that even new CC resistors are far 
more likely to be above their nominal 4700 
value than below nominal value. Of course, 
this data is drawn from a limited number of 
parts, and may not necessarily apply to other 
manufacturers’ parts or even to other samples 
of Xicon CC resistors. It does suggest, how-
ever, that caution should be exercised even 
with new CC parts, and checking their value 
before use is advisable.

Of equal interest is the performance of the 
CF and thick film parts. All are quite close to 
nominal value, and have a tightly grouped 
spread of values. As we might expect, car-
bon film resistors are below nominal value 
— the blanks are low and trimming increases 
resistance. As a matter of manufacturing 
economy, therefore, we would expect the 
expensive trimming process to terminate 
when the part is within an acceptable toler-
ance, rather than continuing trimming to 
center on the nominal value. The mean resis-
tance of the 50 CF resistors is –1.56% from 
nominal, which suggests this particular lot 
was manufactured with a trimming cutoff 
around –1.5%. The standard deviation at
6.4  (0.14% of nominal value) is extremely 
good for a 5% part. Indeed, these CF parts 
demonstrate a standard deviation nearly as 
good as the 1% thick film surface mount 
resistors. Of course, the 1% resistors are 
closer to nominal value; with a mean value 
only –0.2% below 4700 .

Radio Frequency Performance
As we’ve seen from looking at how resis-

tors are constructed, there’s reason to wonder 
how they behave at radio frequencies. From 

Figure 6 — This graph compares measured values of several resistor construction types.

Figure 7 — This simple model is often used 
to characterize the performance of a resistor 

at HF.

Table 1
Mean and Standard Deviation, New 4700  Resistors

Resistor Type Number of Samples Mean Resistance ( ) Standard Deviation ( )
¼ W carbon film, 5% 50 4626.6 6.4
½ W carbon composition 5% 50 4728.3 49.5
¼ W carbon composition 5% 50 4813.6 70.3
¼ W 1206 5% thick film 34 4703.1 17.7
¼ W 1206 1% thick film 34 4690.4 5.6
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our quick survey, we expect the CC resistor 
to show decreased resistance with increasing 
frequency, as the carbon granules are par-
tially bypassed by particle-to-particle capaci-
tance. CF resistors, in contrast, should look 
more like inductors as frequency increases, 
with some bypassing effect from turn-to-turn 
distributed capacitance. Surface mount parts 
have no spirals or particle-to-particle con-
struction, and we expect skin depth and end-
cap-to-end-cap capacitance to dominate high 
frequency performance. Leaded parts will 
additionally exhibit series inductance from 
the leads, as well as capacitance between end 
caps. And, of course, stray capacitance from 
the resistor body to ground or other nearby 
circuit elements will affect how the resistor 
looks at high frequencies.

Figure 7 is a simple model commonly 
used to characterize a resistor’s HF perfor-
mance. C is stray capacitance across the 
resistor body resulting from capacitance 
between end caps, particle-to-particle capaci-
tance in CC resistors and, in the case of 
spiral-cut film resistors, distributed capaci-
tance between turns. L is the resistor’s self-
inductance. For a spiral-cut film resistor, it 
will be mostly from the solenoid-type wind-
ings. In a carbon composition resistor, it will 
be that of a straight conductor. (In all cases, 
of course, lead wire inductance is present, as 
is the inductance of the loop formed by the 
resistor and its leads when connected to the 
test fixture.) R is the resistance. Film resis-
tors will have a higher RF resistance than dc 
resistance due to skin effect, although for the 
resistors I measured the difference is over-
shadowed by other effects. Carbon composi-
tion resistors also have skin effect factors, but 
the internal capacitance between conducting 
granules more is important, which leads to a 
bypass effect. 

To assess these effects, I measured a 
selection of resistors with an HP 8752B 
vector network analyzer and homemade 
test fixture, as summarized at Table 2. The 
associated sidebar “Parallel or Series” pro-
vides more details on my test setup. Vector 
network analyzers are tremendously useful 
tools in radio work, but become significantly 
less accurate where the component being 
tested has resistance or reactance outside 
the range 5  to 2 k .5 Hence, I’ve limited 
my resistor choice to two values, 47  and 
4.7 k . Although above the recommended 
2 k  limit, the 4.7 k  VNA data is consis-
tent with my measurements using a Boonton 
250A RX Meter.6

End Cap Capacitance
I also determined the capacitance between 

end caps for ¼ W carbon film and 2 W metal 
oxide film bodies by mechanically removing 
their conducting film with an abrasive and 
measuring the end-to-end capacitance with a 
General Radio 1658 Digibridge at 1 kHz.

Figure 8 — This graph shows the measured parallel (shunt) capacitance of the various 
resistor construction types tested.

Figure 9 — This graph represents the measured inductance for the resistor construction 
types tested.

Table 2
Resistors Tested

Construction Value ( ) Power Rating (W) Frequency Range
Carbon Composition 4700 ¼, ½ and 2 300 KHz - 300 MHz

47 ¼ and 2 300 KHz - 500 MHz
Carbon Film 4700 ¼ 300 KHz - 300 MHz

47 ¼ 300 KHz - 500 MHz
Metal Oxide Film 4700 2 300 KHz - 300 MHz

47 2 300 KHz - 500 MHz
Thick Film (1206 surface mount) 4700 ¼ 300 KHz - 300 MHz



50   QEX – Mar/Apr  2008

The ¼ W carbon film resistors had a 
capacitance of 0.08 pF. (As a cross-check, the 
end-cap capacitance is 0.072 pF measured 
with an 8752B VNA at 100 MHz.)

The 2 W metal oxide film resistors had a 
capacitance of 0.15 pF.

In modeling a film resistor, of course, the 
turn-to-turn distributed capacitance should 
also be considered.

Measured Total Capacitance
For our RLC resistor model of Figure 7, 

the imaginary part of Equation 10 (from the 
sidebar) is the susceptance measured by the 
VNA: 

[Eq A]

C is the total shunting capacitance, which 
includes end-cap to end-cap and turn-to-turn 
capacitance plus uncompensated strays to 
the test fixture. Rather than using Equation 
A to solve for C based on measured B, R and 
computed L, we first see if it is possible to 
ignore the R and L terms. As demonstrated 
later in this analysis, for resistors of the type 
studied, we know the maximum expected L 
is 83.6 nH, representing a 2 W metal oxide 
film part with eight spiral turns. Based on the 
end cap measurements and other data, we 
expect the total shunting capacitance to be 
between 0.3 pF and 1.5 pF, with lower values 
of C causing the most error in neglecting R 
and L. Substituting R = 4700 and C = 0.3 pF 
into Equation A and comparing the results 
with L = 0 and L = 83.6 nH shows that up 
through 500 MHz we may ignore R and L 
and assume B represents only the shunting 
capacitance, with less than 1.5% error in 
computing the true shunting C. My calcula-
tions use this simplifying assumption.

Figure 8 presents the measured total 
shunting capacitance for the six resistor types 
measured. The excess capacitance over the 
end-cap to end-cap measurements in the CF 
and metal oxide film parts represents turn-to-
turn capacitance, along with some strays to 
the test fixture. 

All three CC resistors show the shunt-
ing capacitance diminishes with increasing 
frequency at a more rapid rate than the film 
resistors.7 I tried to keep the lead length of all 
test parts equal, except, of course, the surface 

Figure 10 — The actual resistance of the resistor construction types tested is shown on this 
graph.

Figure 11 — The effective resistance value of carbon composition resistors will vary with 
frequency, generally according to the graphs shown for various manufacturers.

Table 3
Measured Resistor Inductance

47  Resistor Type Raw Measured Inductance Net Inductance (nH) Number Turns for Predicted Net 
at 200 MHz (nH) Film Part Inductance (nH)

¼ W carbon film 15.7 5.7 2.5 4.7
2 W metal oxide film 31.8 21.8 4.25 23.6
¼ W carbon composition 15.1 5.1 — —
2 W carbon composition 11.7 1.7 — —

2 2

2 2 2

 [ (1 ) ]( ) j L LC CRIM Y B
R L



  QEX – Mar/Apr  2008 51 

mount resistor, so the downward capacitance 
versus frequency tilt of the film parts likely 
represents the effect of internal and lead 
inductance effectively cancelling part of the 
parallel capacitance, as well as test fixture 
and calibration imperfections. (The resis-
tor and leads form a loop with an estimated 
inductance of about 10 nH.) The cancellation 
effect and fixture errors are roughly the same 
for all leaded parts tested, so the extra down-
ward slope of the CC parts is a real effect, not 
a measurement artifact. 

Measured Inductance
It’s also possible to measure the resistor’s 

inductance directly via the real part of the 
admittance. Looking only at the real part of 
the admittance, we find:

Equation B may be solved for L with 
measured G and the assumption that R does 
not change with frequency (which we know 
to be close to true for film resistors).

In this case our accuracy problem is the 
reverse of measuring shunting capacitance, 
where we needed R to be large. To measure 
the inductance, we want R to not be too much 
greater than L. Otherwise, the R2 term domi-
nates, reducing the change in measured Re(Y) 
with frequency and increasing measurement 
error. Based on the expected range of induc-
tance value, I selected 47  as a suitable R.

Figure 9 shows the total inductance 
extracted from measuring four 47  resis-
tors, along the estimated loop inductance, 
comprised of the resistor and leads and the 
return path on the test fixture foil. To obtain 
the resistor inductance, subtract the estimated 
loop inductance. The loop inductance is very 
sensitive to the wire and resistor diameter as 
well as the precise dimensions of the loop 
and the return path. My estimated 10 nH 
value is a combination of theoretical com-
putation and measurement of various diam-
eter wires, and should be regarded as only 
an estimate. The data is taken at 200 MHz 
as the measured data has stabilized by this 
frequency. (Lower frequencies, particularly 
with the CC parts, result in small L values 
and hence less accurate measurements.) 

 222 LR
RG(Y)Re

Table 4
Resistor Parameters

Type Diameter Length Minimum Expected Turns Maximum Expected Turns
Inductance (nH) Inductance (nH) 

2 W metal film form 0.155 in.
3.94 mm 0.390 in.
9.90 mm 2 5.2 8 83.6
¼ W carbon film form 0.0645 in.
1.63 mm 0.116 in.
2.95 mm 2 3.0 8 47.8

Figure 12 — This graph illustrates the 5% value change for film resistors, based on maximum 
and minimum inductance values.

Figure 13 — The effective resistance values for four different resistor construction types are 
shown on this graph. 

Equation B
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4700
Figure 10 shows the true (parallel) 

resistance of the six 4700  resistors over 
the range 300 kHz to 300 MHz. (See the 
Sidebar — “Parallel or Series” for the differ-
ence between series and parallel resistance.) 
Below about 10 MHz, except for the 2 W CC 
part, there is not much difference between 
the low frequency and high frequency resis-
tance. Above 10 MHz, however, there’s a 
pronounced drop in the measured resistance, 
with the 2 W CC resistor dropping to about 
1250  at 300 MHz. The ¼ W CF and
¼ W thick film surface mount resistors are 
relatively unchanged over the 300 kHz to 
300 MHz range. Likewise, the 2 W metal 
oxide film part holds up reasonably well. All 
CC parts show decreasing resistance with 
increasing frequency, proportional to their 
power ratings.

Why is this? In particular, we’ve seen that 
the carbon film and metal oxide film resis-
tors are constructed like inductors and hence 
sidebar Equation 13 says we should observe 
an increase in measured resistance with fre-
quency, not a decrease. 

4700  Carbon Composition
First, the drop in resistance of CC parts 

is primarily a result of their distributed 
capacitance, as mentioned before. Different 
manufacturers of CC parts use different con-
struction techniques which cause some dif-
ferences in performance, but a CC resistor’s 
HF resistance generally varies as illustrated 
at Figure 11.8 Note the horizontal scale on 
Figure 11 is the product of the dc resistance 
in M  and the frequency in MHz. My mea-
sured data for the 2 W part fits the IRC 2 
W curve well, although I do not know if 
this junkbox resistor is in fact an IRC part. 
My measured data for ¼ and ½ W Xicon 
CC parts is about half way between IRC’s 
and Allen Bradley’s ½ W data. These f  R 
curves, or similar curves supplied by some 
resistor manufacturers, can be used to esti-
mate RF performance of medium to high 
value resistors.9 But, as seen with the 47 
measurements, lower value CC resistors are 
dominated by inductance.

Carbon Film, Metal Film and Thick 
Film Parts

As Figure 10 illustrates, film resistors hold 
their dc resistance much better than the CC 
parts, even though the carbon film and metal 
oxide film parts are clearly inductive. Why 
is this? If we recast sidebar Equation 13, the 
answer to this question becomes clearer:

[Eq C]

Rmeasured is the observed resistance, calcu-
lated from 1/G.

Rtrue is the resistor’s resistance, as it would 
be without the series inductance.

If 2L2 is small compared with Rtrue,
then the series inductance will not cause 
the measured resistance to increase signifi-
cantly. What is the inductance of these film 
parts? To determine that, I’ve calculated the 
inductance based on the winding diameter 
and length and also measured the inductance 
of sample parts, as discussed earlier. Table 4 
provides the physical dimensions of sample 
resistors measured with Mitutoyo Digamatic 
digital calipers, and the expected maximum 
and minimum number of turns, based on my 
disassembly of these parts, together with the 
calculated inductance.10

Figure 12 plots the “5% change” resis-
tance values for these four maximum and 
minimum inductance cases based on sidebar 
Equation 15. Areas to the right and below 
each line represent combinations of dc resis-
tance and frequency for which the effective 
RF resistance is more than 5% above the 
dc resistance. Areas to the left and above 
the line, conversely, are combinations of 
frequency and dc resistance for which the 
effective RF resistance is within 5% of the dc 
resistance. Of course, this plot excludes other 
circuit strays but still will be useful as a guide 
to determine when specific measurements 
are required.

Figure 12 predicts that a 4700  resis-
tor will not show more than 5% change in 
effective value through 300 MHz, even if 
it happens to be a 2 W metal film part with 

eight spiral turns. (The 4700  resistors I dis-
assembled had only about four spiral turns.) 
Figure 10 bears this prediction out. 

47
Figure 12 also predicts that a 47  ¼ W 

carbon film or 2 W metal oxide film resistor 
may show resistance increase due to series 
inductance. Depending on how many spiral 
turns are cut into the 47  parts, we may see 
a 5% increase in effective resistance as low as 
20 MHz, or as high as 500 MHz. Removing 
the epoxy coating from the parts shows 
the sample 47  ¼ W CF resistor to have
2.5 turns and the 2 W metal oxide film resis-
tor to have 4.25 turns. The calculated induc-
tances are 4.7 nH and 23.6 nH, respectively. 
Interpolating the curves of Figure 12 causes 
us to expect both parts to diverge from dc 
resistance over the upper portion of the
300 kHz to 500 MHz frequency sweep.

Figure 13, showing the effective resis-
tance of four 47  resistors over this fre-
quency range, bears out the information in 
Figure 12. 

The two CC parts, in contrast, better 
maintain their effective resistance for fre-
quencies over 50 MHz. 

Sensitivity to Inductance
It should be apparent from Equation C 

that at radio frequencies, a resistor’s effective 
resistance is highly dependent upon the series 
inductance, including the leads in my test 
setup. Even if a low inductance part is used, 
lead inductance can be appreciable and can-
not be ignored for VHF and UHF work. 

In certain circumstances, it’s possible to 
offset some of the resistor’s inductance. To 
illustrate this, I inserted a 47 Ω ¼ W carbon 
film resistor into a male BNC connector and 
measured its value with an HP872B VNA. In 
this case, however, the open/short/load cali-
bration standards were BNC-type with low 
error. The particular BNC connector I used 
is intended for RG-174 coaxial cable and is 
a tight fit for a ¼ W resistor; in fact I had to 
shave some of the epoxy coating off to make 
the resistor fit into the connector’s sleeve. 
Sliding the resistor into the sleeve effectively 
adds capacitance to ground from each turn 
of the carbon film’s spiral turns, turning the 
inductor/sleeve combination into a low pass 
filter. Figure 14 shows the equivalent circuit, 
whilst Figure 15 compares the measured 
resistance and the SPICE predicted response. 
I determined the low pass filter capacitance 
values in Figure 14 to provide the best fit 
to my measured response data. Measuring 
the resistor’s total shunting capacitance to 
ground when inside the connector provides 
values in the 2.5 to 3 pF range, consistent 
with the values used in the simulation. This 
particular almost perfectly flat frequency 
response, however, seems to have a large 

true

true
measured R

LRR
G

2221
Figure 14 — This equivalent circuit 

represents a film resistor inside a metal 
sleeve, so that each turn of the spiral-cut 

resistance material has capacitance to the 
grounded metal sleeve. 
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degree of happenstance associated with it, 
as very small changes in the turn-to-ground 
capacitance causes a large change in fre-
quency response in SPICE studies.

Conclusions
1) Don’t be afraid of metal film or carbon 

film parts for RF work. Used intelligently, 
these parts will provide superior performance 
compared with carbon composition resistors. 
However, low value (under roughly 100 Ω)
2 W (and, I believe the 1 W versions as well) 
metal film resistors may be troublesome 
much above 50 MHz. 

2) In repairing equipment, particularly 
VHF or UHF, keep in mind that the charac-
teristics of carbon composition resistors may 
have entered into the design. Consequently, it 
is necessary to evaluate whether the original 
resistor type is required to assure perfor-
mance.

3) With a program such as LTspice you 
can accurately model a carbon film or metal 
oxide film resistor’s radio frequency perfor-
mance by determining its inductance (based 
on the number of spiral-cut turns) and its 
capacitance.11 The data in this paper can 
be used for a capacitance estimate and the 
number of spiral-cut turns can be found by 
removing the epoxy coating from a sacrifi-
cial part. Figure 16 shows a simple SPICE
model of ¼ W carbon film resistor mounted 
in my home-made test fixture, while Figure 
17 shows excellent agreement between 
SPICE simulation data and my VNA mea-
surements.

4) Surface mount components are pre-
ferred over through-hole parts for superior 
accuracy and performance at radio frequen-
cies.

5) There are a wide variety of specialty 
resistors manufactured, and their use may be 
called for rather than trying to make a stock 
part do a job it was not intended to perform.

Notes
1See, for example, A. Karty, KD4BYW, “Unexpected 

Long-Term Resistance Increases in Resistors,” 
QST, Apr 2002, pp 70-71; A. Weller, WD8KBW, 
“Composition Resistors — Trimmed and 
Otherwise,” QEX, Jul 1985, pp 9-10; D. 
Andrus, WB6VYN, “Composition Resistors 
— A Dying Breed?” QEX, Oct 1985, pp. 2-5 
(Correspondence); Correspondence, “Composition 
Resistor Gains Wide Recognition,” QEX, Nov 
1985, pp 2-3; H. Balyoz, W6YBP, “Remembering 
the Carbon Composition Resistor,” QEX, March 
1986, p 3.

2Carbon composition resistors tolerate short-term 
overload (pulse-type operation, for example) bet-
ter than carbon film resistors. See, for example, 
Vishay Dale Co., “Selection Guide for Conversion 
of Carbon Composition Resistors,” Document 
Number 31049, Revision 20-Jul-01, http://www.
vishay.com/docs/31049/ccxref.pdf.

3Ohmite Mfg. Co., “Little Demon Carbon 
Composition Molded Resistors,” http://www. 
ohmite.com/cgi-bin/showpage.cgi? 
product=little_demon, accessed at 23 July 2007.

Figure 15 — A comparison of the measured carbon film resistor values and a SPICE circuit 
simulation.

Figure 16 — A SPICE circuit model 
represents a ¼ W carbon film resistor 
mounted in the homemade test fixture.

Figure 17 — This graph compares the measured data with the SPICE simulation data.
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4Bowick, C., RF Circuit Design, 1982, Howard W. 
Sams & Co., Indianapolis, IN., p. 10.

5See,for example, Agilent Technologies, “Agilent 
Advanced impedance measurement capability of 
the RF I-V method compared to the network analy-
sis methods, Application Note 1369-2” Document 
No. 5988-0728EN, July 26, 2001. This Application 
Note may be downloaded from Agilent’s Web 
site at http://cp.literature.agilent.com/litweb/
pdf/5988-0728EN.pdf.

6The combination of nanohenry inductance and 
resistance makes it very difficult to measure 
inductance via resonance, as normally used 
in a Q-meter. I’ve tried measuring metal oxide 
film resistor inductance with both an HP4342A 
Q-meter at 70 MHz and a Boonton 160A Q-meter 
over the range 40 MHz – 260 MHz, without suc-
cess. Agilent’s Application Note 1369-2, op. cit., 
provides a good review of techniques for measur-
ing very low Q inductors. Of the equipment in my 
shop, the most practical tool, other than the VNA, 
is a Boonton 250A RX meter, which directly mea-
sures parallel resistance and capacitance over the 
range 500 KHz – 250 MHz. As a manual bridge 
instrument, however, it requires balancing at each 
test frequency. 

7I’ve found only limited data on expected carbon 
composition resistor capacitance. Anon., 
“Radio Component Handbook,” 1948, Technical 
Advertising Assoc., Cheltenham, PA, p. 149 sug-
gests 1.0 pF for ½ W CC parts and 0.5 pF for 
1 W CC parts. One reference,  F. Langford-Smith, 

ed., Radiotron Designer’s Handbook, 4th ed., 
1953, Wireless Press, Sydney, Australia, reprinted 
Electron Tube Division, Radio Corp. of America, 
p 189, suggests the RF capacitance of a CC 
resistor is approximately 1/3rd the low frequency 
capacitance, noting that the low frequency 
capacitance is the figure “normally published.” My 
measured data for ½ W CC resistors is about 
0.5 pF, broadly consistent with the published data.

8Radiotron Designer’s Handbook, op. cit. p 189. The 
figure plots tabular data provided in the RDH, 
which is described as experimental values.

9See,for example, www.ibselectronics.com/ibs/
cmpnts/rgaco/catalog/K/K29-35.pdf for similar 
curves for ¼ and ½ W RGA carbon composition 
resistors. Essentially identical curves are provided 
by SPC Technology at www.spctechnology.com/
prodinfo/specs/TA-84.pdf.

10Inductance calculations use Wheeler’s equation:

 where:
L is the inductance in H
r is the coil radius in inches
l is the coil length in inches.
F. Terman, Radio Engineer’s Handbook, 1943, 

McGraw-Hill, New York, NY, p 55. Terman says 
Wheeler’s equation is accurate “within one percent 
for l > 0.8r, i.e., if the coil is not too short.” The two 

film resistor forms meet the criterion of not being 
“too short.”

11Evans, Randy, KJ6PO, “PSpice for the Masses,” 
QEX, Jan/Feb 2006; LTspice/SwitcherCAD is 
available for free download via www.linear.com/
company/software.jsp.

Jack Smith, K8ZOA, has been licensed since 
1961, first as KN8ZOA, and has held the 
Amateur Extra Class license since 1963. He 
received the BSEE degree from Wayne State 
University in Detroit in 1968 and a JD degree 
magna cum laude from Wayne State University 
School of Law in 1976. Presently retired, he 
has enjoyed a career involving both engineer-
ing and telecommunications law. He is a co-
founder of the telecommunications consulting 
firm TeleworX and is the author of Programming 
the PIC Microcontroller with MBasic (Newnes 
Publishing, 2005), as well as articles published 
in QEX, and 73 Amateur Radio magazine. His 
web site is www.cliftonlaboratories.com.

Parallel or Series Resistance?

We have a choice in modeling a two 
terminal network, the “series” or “paral-
lel” model. The example illustrated at 
Figure A may clarify these choices. 
Suppose you are given a sealed box 
with a resistor connected to an induc-
tor, and told that its impedance is Z =
1 + j1, measured at 1 Hz. Is it possible 
to determine how the resistor and 
inductor are connected and their indi-
vidual values? (We’ll assume both the 
resistor and inductor are perfect parts, 
with no parasitic components.)

One answer is the obvious series
connection of a 1  resistor and a 
0.159 H inductor (1  reactance at
1 Hz), as shown at Figure B. A different 
set of component values, however, pro-
duce the identical Z = 1 + j1 impedance 
at 1 Hz. The alternative circuit, shown 
at Figure C, consists of a 2  resistor in 
parallel with a 0.3183 H inductor. If we 
are limited to the 1 Hz impedance data, 
there’s no way to distinguish between 
the series and parallel configurations. 
Of course, a dc measurement would 
distinguish the two configurations, as 
would data at different frequencies, as 
illustrated by Figure D. 

Over the range from 0.5 Hz to 
1.5 Hz, the networks of Figures B 
and C have identical resistance 
and reactance — and hence identi-
cal impedance — only at 1 Hz; at 
higher or lower frequencies, the two 

[Eq 2]

[Eq 3]

[Eq 4]

[Eq 1]

network differences may thus be easily 
distinguished. At any single frequency, 
however, any impedance value can be 
represented by two networks, one series 
and the other parallel. We must apply 
external information to determine which 
network represents the best model for 
the problem at hand.

The relationships between series and 
parallel values are given by Equations 1 
through 4.i
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where subscript S and P indicate 
series and parallel, respectively.

R is the resistive element.
X is the reactance of the reactive 

element, or more generally, the net 
reactance of the combination of multiple 
reactive elements.

In our sealed box example, the mea-
sured impedance Z = 1 + j1 (Z = R + jX)
can be taken as the series configuration 
with RS = 1 and XS = 1, but RP and XP are 
easily calculated. 

Figure A — There are several possible 
circuit configurations for the unknown 
network that will result in the 1 + j1 

impedance. Measurements at different 
frequencies will help identify the specific 

circuit inside the box.

Figure B — The series connected inductor 
and resistor provide one solution to the 

question of what circuit is inside the 
unknown network shown in Figure A.

Continued on next page
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Figure C — A parallel connected inductor 
and resistor provide an alternate solution 

for the circuit inside the unknown 
network of Figure A.

To determine the parallel inductance 
value of LP in henrys, we use the rela-
tionship:

[Eq. 5]

Solving for L and inserting numerical 
values for 2  and 1 Hz:

So, why is this important when we 
measure the frequency response of a 
resistor? The answer is that a resistor’s 
model is best defined in terms of a 
parallel structure, as reflected at Figure 
7 in the main article; a resistor (perhaps 
with series inductance) shunted by 
capacitance. In many cases, the series 
inductance is small enough that it 
can be neglected, making the resistor 
model a pure parallel RC combination.

Let’s suppose the resistor in this 
model is almost perfect; it has no 
frequency dependent effects other than 
a shunting capacitance. That is, it has 
no inductance, there is no granule-to-
granule capacitance in the CC case 
or turn-to-turn stray capacitance in 
a CF or metal oxide film part. RP is 
constant with changes in frequency. If 
we measure the circuit in Figure 7 with 
a device that reports series impedance, 
however, we will find that the shunting 
capacitance reduces the measured 
resistance. Figure E is an LTspice
simulator schematic for a perfect 
4700  resistor, shunted by 1 pF 
capacitance, swept over the range 
300 kHz to 1 GHz. Figure F shows the 
series resistance RS and the reactance 
XS (magnitude only; sign ignored for 
simplicity) of the circuit over this fre-
quency range. 

In this case, therefore, a theoreti-
cally perfect resistor, save for a small 

Figure D — Impedance measurements at slightly different frequencies or at dc will help 
determine the actual unknown circuit. This graph illustrates the variation in resistance and 

inductance for both the series and parallel circuits.

Figure E — An LTspice simulator 
schematic shows a perfect 

4700  resistor, shunted by 1 
pF capacitance. The circuit was 

swept over the range 300 kHz to 1 
GHz in the LTspice model.

Figure F — This graph is the LTspice simulation output, showing the series resistance and 
inductive reactance over the simulated frequency range.
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shunting capacitance, shows a marked 
reduction in series resistance. The rea-
son for this can be seen by examining 
Equation 1.

At low frequencies, the shunting 
impedance, XP, is large compared with 
RP — at 100 kHz, the 1 pF shunting 
parallel capacitance has a reactance of 
1.6 M , some 30 times larger than the 
4.7 k  of RP. When XP >> RP, Equation 
1 says RS ≈ RP since XP

2 /  (RP
2 + XP

2)
 1. At 50 MHz, however, XP is about 

3.2 k , which may not be ignored 
when compared with the 4.7 k  of RP,
and reduces RS to about 1.5 k . If the 
frequency increases to, say, 1 GHz, XP
is about 159 , so that XP << RP and 
Equation 1 is approximately RS XP

2

/ RP and RS ≈ 5.4 . So, depending 
on the measurement frequency, our 
perfect resistor — except for a small 
shunting capacitance — demonstrates 
a series resistance ranging from 4.7 k
to 5.4 .

Since our purpose is to understand 
how resistor construction influences its 
RF properties, it makes far more sense 
to measure RP, not RS, particularly if 
our measurement technique can sepa-
rately identify the shunting capacitance 
value. If the resistor’s series inductance 
is not too large, its main imperfec-
tion can be considered to be parallel 
capacitance. 

I collected the RF performance data 
in this study with an HP 8752B vector 
network analyzer, operating in reflec-
tion mode, with the homemade test fix-
ture shown at Figure G.i The test fixture 
is modeled after one shown in Agilent’s 
Application Note AN 1287-9, with four 
short identical 50  microstrip sections.
ii Three sections are configured as: an 
open; a short (two parallel “zero ohm” 
1206 jumpers); and a 50  standard 
load (a pair of 100 , 1% 1206 resis-
tors in parallel) used in the VNA’s 
open/short/load calibration. The fourth 
section holds the device under test. The 
test fixture also has a “through” section, 
not used in the measurements made 
for this article. I believe this test fixture 
provides reasonable results up through 
at least 300 MHz. I have not modeled 
the errors, however. To reduce source 
match reflections, I use approximately 
16 dB attenuation on the 8752B source 
port.iii

Operating the 8752B with “Y” con-
version enabled directly measures the 
admittance, Y = G + jB, of the device 
under test. By applying the 8752B’s real 
and imaginary modifiers to the display, 
G and B are separately determined.

If the device under test consists of a 
pure resistive element in parallel with a 
pure reactive element, then RP and XP

are easily obtained. In general, admit-
tance is the reciprocal of impedance:

where:
Y is the admittance
G is the conductance
B is the susceptance
In a network with only parallel R and 

X elements RP and XP are simply related 
to Y:iv

   

The parallel capacitance can also 
found directly from the 8752B’s suscep-
tance (B) data:

where:
C is the capacitance in farads
B is the susceptance in Siemens 

(capacitive susceptance has a positive 
sign)

f is the frequency in Hz.
I export the 8752B data over its GPIB 

interface to a Microsoft Excel spread-
sheet and post process it with Equations 
7 and 9, plotting the data with Origin 7.5,
a scientific/engineering data analysis 
and plotting program.

When the resistive element is not a 
pure resistor and has series inductance 
as at Figure H, the simple relationship in 
Equations 7 and 8 is no longer accurate, 
and is replaced by the following:v

The impedance of this configuration 
is:vi

 is the angular frequency in radians/
sec.  = 2 f where f is the frequency in 
Hz.

One additional point worth noting 
is that the reactance vanishes, which 
is one definition of parallel resonance, 
when:vii

Where 0 is the resonant frequency 
when R is zero. Equation 12 shows the 
parallel resonant frequency as a func-
tion of all three elements, R, L and C,
not just LC as often stated for the high 
Q case. (If the inductor Q is even as 

[Eq 6]

[Eq 7]

[Eq 8]

[Eq 9]

[Eq 10]

Figure G — This homemade test fixture 
was used with an HP 8752B vector network 

analyzer, operating in reflection mode, to 
collect the data reported in this article.

high as 10, 0 for normal working 
purposes, however.)

The real part of Equation 10 is the 
conductance (the G term in Y = G + jB)
measured in the test setup:

R and L are the resistance and 
inductive values in the series arm. 
The net effect of the resistor’s series 
inductance is to increase the effective 
parallel resistance. As the frequency 
increases, so does the denominator 
of G, and since the resistance is 1/G,
a decrease in G corresponds to an 
increase in resistance. 

Equation 13 permits us to estimate 
the resistor’s inductance:

The accuracy of this relationship 
depends upon:

1) RP remaining constant with 
frequency

2) The test circuit not having appre-
ciable series inductance from other 
sources

These two assumptions are only 
approximately correct, so we will wish 
to verify L estimates by other methods.

Equation 13 also establishes so 
long as L is small with respect to R, 
the resistor’s inductance will not cause 
a significant effect on the apparent 
resistance.

iParallel to series conversion is often 
considered in the amateur literature in the 
context of impedance matching. See, for 
example, W. Hayward, W7ZOI, and others, 
Experimental Methods in RF Design,
2003, ARRL, Newington, CT, at §3.6. In 
impedance matching, emphasis is often on 
determining the reactive elements and the 
full set of equations is not always presented. 
The four equations presented above can 
be found in most electronic handbooks, 
such as ITT Corp. Reference Data for Radio 
Engineers, 4th ed., 1956, ITT, New York, NY, 
pp 121-122.
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Figure H — When the resistive element 
is not pure resistance, the circuit model 
using a series inductance and parallel 

capacitance must be used to accurately 
model the circuit element.

iiIt is also possible to measure component 
parameters by placing the device under 
test in series between the VNA’s output 
and input (receiver) ports, with a suitable 
test fixture. I found reflection (single port) 
measurements to be preferable. Newer 
VNAs are calibrated with more than the 
simple “through loss” calibration process 
used in my 8752B, which improves through 
accuracy.

iiiAgilent Technologies, “Agilent AN 1287-9, 
In-Fixture Measurements Using Vector 
Network Analyzers,” Document No. 

5968-5392E, dated 8/00. This Application Note 
may be downloaded from Agilent’s Web site 
at http://cp.literature.agilent.com/litweb/
pdf/5968-5329E.pdf.

ivThe 8752B is the 75  version of HP’s 
8752A vector network analyzer, and has a 
built-in reflection bridge. Minicircuits model 
UNMP-5075 adapters provide 75-50 
resistive matching pads (5.7 dB). Additional 
source attenuation is through a Minicircuits 
NM-BM-10 “Adaptenuators” a combined 
10 dB attenuator and N-male to BNC-male 
adapter. Source reflection causes ripples 
in the measured data as signals reflected 
from the device under test enter the 8752’s 
source generator and are re-reflected back 
from mismatches in the source impedance. 
As the phase and amplitude of these 
reflections change with frequency, errors in 
the measured impedance are caused. For 
more details, see Agilent Application Note 
AN 1287-3, “Applying Error Correction to 
Network Analyzer Measurements,” Document 
No. 5965-7709E, dated March 27, 2002. I’ve 
also post-processed some data to provide 
smoothed curves.

As with any VNA, data accuracy is ultimately 
tied to the calibration standards, in this case 
the quality of the short, open and load in my 
homebrew fixture, as well as how closely the 
open, short, load and DUT microstrip lines 
are identical in impedance characteristics and 
length.

vSee, for example, Reference Data for Radio 
Engineers, 4th ed, pp 120-121, op. cit.

viReference Data for Radio Engineers, 4th ed, 
p 126, op. cit. This relationship is easily 
derived using Equations 3 and 4 to convert 
the series RL element into parallel R and 
L elements, yielding parallel R, L and C
elements.

viiIbid.
viiiF. Langford-Smith, ed., Radiotron Designer’s 

Handbook, 4th ed, 1953, Wireless Press, 
Sydney Australia, reprinted Electron Tube 
Division, Radio Corp. of America, p 150. 

Terman provides three definitions of parallel 
resonance:

Zero net reactance or unity power factor. This 
is the definition used in the referenced 
equation.

Maximum impedance
The frequency at which L = 1 / C, or series 

resonance.
F. Terman, Radio Engineer’s Handbook, 1943, 

McGraw-Hill, New York, NY, pp 143-144. 
These three conditions occur at different 
frequencies where the circuit has loss. 
Almost all our work as radio amateurs 
involves high Q tuned circuits, where 
R is small compared with the inductive 
reactance, under which condition all three 
definitions closely converge for practical 
work. This is not true when dealing with 
low Q circuits, however, as seen in some 
measurements in this article.
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Antenna Options
Beam Matching

Most modern HF and VHF beams pres-
ent the builder with modest matching 
problems, relative to the antenna imped-
ance and the impedance of the main feed 
line. Rarely does the impedance differ-
ence exceed an SWR of 3:1. Under these 
conditions, the builder has numerous op-
tions among matching systems. These 
notes provide a very brief overview of the 
main systems available.

Series Matching
Series matching includes three sys-

tems, ranging from the most specific to 
the most general. All series matching 
systems presume that the matched ele-
ment is insulated and isolated from any 
conductive boom.

1. The 1⁄4-Wavelength Transmission-
Line Transformer: The 1⁄4-wavelength 
transmission-line transformer is perhaps 
the best known of the series matching 
systems. Figure 1 outlines the basic ap-
plication of the system.

We may insert a 1⁄4-wavelength section 
of transmission line between a resonant 
antenna impedance and a feed line if the 
transformer section Z0 is the geometric 
mean between the antenna and the feed 
line impedance. For example, if a beam 
has an impedance of 25  and we have a 
50  feed line, then a transformer section 
of 35.36  will effect the required imped-
ance transformation. We may use RG-83
or parallel sections of RG-59 to create 
the transformer. We may also step up or 
step down: the only requirement is that 
the transformer Z0 be roughly the geo-
metric mean of the two end values.

If the feed point impedance is slightly 
reactive, or if the available transformer 
line is not quite the exact geometric mean 
between the antenna and the cable im-
pedance, the system will still work, al-
though the lowest SWR may not be 1:1. 
Perhaps the simplest way to determine 
the optimal line length under these condi-
tions is to use an antenna modeling pro-
gram and experiment with line lengths, 
taking SWR sweeps for each trial length 
of line.

2. The Bramham System: The Bram-
ham system of series matching tackles a 
special problem: matching a resonant an-

tenna impedance to a different feed line 
Z0. The basic problem and solution appear 
in outline form in Figure 2. In Electronic
Engineering for Jan 1961 (pp 42-44), B. 
Bramham published a paper on “A Conve-
nient Transformer for Matching Coaxial 
Lines,” based on work he had done for a 
CERN report in 1959. Bramham’s solution 
was to develop a means for calculating 
equal lengths of the two lines, Z1 and Z2,
which would effect the impedance trans-
formation for a given frequency. The solu-
tion is elegantly simple. First, let’s define a 
special term, M:

Z1 and Z2 are the values of the two lines 
to be joined in the scheme shown in Fig-
ure 2. The required lengths (L1 and L2) of 
the two are a function of M:

L1 is the length of the matching line Z1
and L2 is the length of the matching line 
Z2. The lengths are in degrees relative to 
a 360  wavelength for simple translation 
into electrical line lengths, which then 
translate into physical line lengths taking 
the line’s Velocity Factor into account.

3. The Regier General Series Matching 
Solution: Three decades ago, Regier de-
veloped a general solution for series 
matching any antenna impedance to a 
given line with a single line insertion. The 
details of Regier’s solution can be found 
in the following references:
“Impedance Matching with a Series Trans-
mission Line Section,” Proceedings of the 
IEEE, Jul 1971, pp 1133-1134.
“The Series-Section Transformer,” Elec-
tronic Engineering, Aug 1973, pp 33-34.
“Series-Section Transmission-Line Imped-
ance Matching,” Jul 1978 QST, pp 14-16.

The general outline of the Regier sys-
tem appears in Figure 3. Regier’s solu-
tion is best used in “normalized” form, 
where the ratios of one impedance to an-
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Figure 2 — Bramham’s limited series matching problem and solution.

Figure 1 — Two usual arrangements of quarter wavelength matching sections.
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other are first reduced to single values. 
Otherwise, the calculation equations tend 
to look terribly opaque. So let’s define a 
few quantities.

The load impedance is specified as RL
j XL and Z1 is the selected impedance of 

the special matching section. We shall let 
L1 be the electrical length in degrees of 
the line Z0 between the load and the spe-
cial matching section, while L2 is the elec-
trical length in degrees of the special 
matching section.

Now we can calculate the two lengths, 
starting with L2, since it plays a role in cal-
culating L1.

Although this equation looks a bit forbid-
ding, it can be handled on a calculator or 
with a spreadsheet. The equation produc-
es two good results, plus and minus. The 
positive result gives a shorter length for L1
and hence is preferred. If the result is an 
imaginary number, then the value of n 
must be changed. You can do this by in-
creasing the value of Z1, the characteristic 
impedance of the special matching sec-
tion. Remember that the series matching 
technique can use parallel transmission-
line sections as well as coaxial cables, so 
using a length of 300-  or 450-  line as 
the special matching section is perfectly 
appropriate.

In some cases, a calculator will return 
a negative value for the electrical length 
of L1. To arrive at the correct positive val-
ue, simply add 180  to the calculated re-
sult. For example, should L2 return a value 
of 62 , the correct result will be 118 .

There are limits to what combinations of 
Z0 and Z1 we may use and still obtain a 
desired match. In general, the closer the 
values of Z0 and Z1, the smaller the range 
of antenna impedance values that we can 
match.

The Beta or Hairpin Match
Essentially, the beta match is a form of 

L-network specifically arranged to trans-
form a higher line Z0 to a lower antenna 
impedance. In the process, the network 
usually uses a shortened element that has Figure 5 — Alternative beta match inductive reactances.

Figure 4 — Basic elements of the most common form of the beta match.

Figure 3 — Regier’s series section matching system.

capacitive reactance in the feed point im-
pedance as one of the reactive compo-
nents in the L-network. Figure 4 shows the 
general evolution of the typical beta or 
hairpin match. 

Let’s begin our treatment of the L-net-
work with the designation,  (Greek lower 
case delta). The designation appears in 
Terman’s 1943 classic, Radio Engineers 
Handbook (p 213 and elsewhere), but a 
number of more recent publications have 
preferred to use terms such as “working 
Q,” “network Q,” or “loaded Q” (QL, in con-
trast to the “unloaded Q,” or QU) in prefer-
ence to the older term. However,  will do 
nicely for our work.

In an L-network, we may express the 
relationships that define  in two ways:

The ratio of the input or source resis-
tance (Rin) to the output or load resis-
tance (Rout) defines the value of . I have 
chosen this starting point for our treat-
ment as a tribute to George Grammer, 
whose classic volume A Course in Radio 
Fundamentals makes use of the concept 
(pp 69-70). The fact that this starting point 
simplifies the calculation of the reactance 
components of the network adds some 
substance to the reference. In fact, the 
calculation of the reactive components is 
very easy.

For our down-converting version of the 
L-network, the series component is sim-
ply the product of  and the load resis-
tance. The parallel or shunt reactance is 
the ratio of the source or input resistance 
to . Both results are in , but — as noted 
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earlier the reactances are of opposite 
types. For the highest level of effective-
ness for a given resistive component of 
feed point impedance, the beta match re-
quires a certain series reactance. Other 
reactance values can be matched but 
may result in higher values of  and hence 
in slightly higher losses. 

We obtain the optimal value of  by ad-
justing the antenna’s element length. The 
only component that we need to add to 
the system is the parallel or shunt ele-
ment. If the element has a capacitive re-
actance, the shunt element must be in-
ductive (and vice versa).

Some folks distrust the beta match be-
cause one form of shunt inductance 
seems to be a short circuit across the feed 
point. Figure 5 shows three typical forms 
for adding inductive reactance across the 
feed point terminals, which are insulated 
and isolated from any conductive support-
ing boom. A solenoid inductor is feasible 
and generally has little loss, since its reac-
tance will normally be quite low. 

Shorted transmission line stubs, how-
ever, may generally provide the same in-
ductive reactance with even lower loss. 
The hairpin or shorted parallel transmis-
sion line section is the version that most 
worries new users. The beta match in any 
form is as effective as virtually any other 
system in effecting a low loss match be-
tween the element and the feed line — 
when the element resistive component is 
less than the feed line Z0. In addition, one 
may also lengthen an element to make it 
inductively reactive. Then the shunt com-
ponent becomes a capacitance. Both 
versions of the beta match have under-
gone extensive modeling confirmation 
and physical confirmation. Like the series 
matching systems, the beta match pre-
sumes an element that is insulated and 
isolated from any conductive boom.

The Gamma Match
The third major system for matching 

the impedance of beam driven elements 
to a standard feed line, such as 50-  co-
axial cable, is called the gamma match.
H. H. Washburn, W3MTE, introduced the 
amateur community to the gamma match 
in his Sep 1949 QST article, “The Gam-
ma Match,” pp 20-21, 102. D. J. Healey, 
W3PG, provided the first mathematical 
analysis of the match in “An Examination 
of the Gamma Match,” QST, Apr 1969, pp
11-15, 57. Healy’s treatment, however, 
required the use of nomographs and a 
Smith chart.

Since these seminal articles, several 
alternative analyses have appeared in 
amateur journals. H. F. Tolles, W7ITB, 
presented a purely mathematical analy-
sis in “How to Design Gamma Matching 
Networks” in ham radio for May 1973, pp 
46-55. Because the Tolles equations 
proved tedious to many gamma design-
ers, R. A. Nelson, WBØIKN, set them into 
a BASIC program in “Basic Gamma 
Matching,” ham radio, Jan 1985, pp 29-33. 

ARRL converted Nelson’s Apple-BASIC
program into a version suitable for IBM 
computers, and a listing appears in The
ARRL Antenna Book, 16th Ed, p 26-20. 

In 2000, Dave Leeson, W6NL, corrected 
portions of the program so that it is per-
haps the most accurate of the available 
means to calculate gamma matches. This 
program is also available within the Ham-
Calc collection of BASIC utilities edited by 
George Murphy, VE3ERP, and in the 21st 
edition of The ARRL Antenna Book.

Since the work of Tolles and Nelson, 
two alternative mathematical analyses 
have appeared. Ron Barker, G4JNH, pre-
sented “A New Look at the Gamma Match” 
in QEX, May/Jun 1999, pp 23-31. Barker 
changed some of the fundamental as-
sumptions about the key factors in a gam-
ma match to arrive at his results. Unfortu-
nately, his work is less amenable to easy 
placement in a BASIC utility or a spread-
sheet, since the calculations require the 
solution to simultaneous equations. 

In contrast, R. Wheeler, G3MGW, re-
turned to the Healey analysis and con-
verted the graphical techniques back into 
mathematical methods that allow a 
straightforward spreadsheet set of calcu-
lations. Wheeler’s two-part “Re-Examina-
tion of the Gamma Match” appeared in 
RADCOM, Sep 2004, pp 35-37, and Oct 
2004, pp 54-56, with reprints appearing 
in antenneX for Oct and Nov 2006. 

Both of these later analyses rely on 
something that was unavailable to earlier 
gamma calculations. In most cases, the 
determination of the initial or pre-match 

Figure 6 — Key factors in calculating a gamma match.

Figure 7 — A typical gamma match using a 
tubular series capacitor within the gamma 

rod.

driver feed-point impedance rested on 
assumption, guesswork or rudimentary 
measurement. Measurement became dif-
ficult if the builder connected the driver to 
the boom and did not allow for a feed-
point gap, even if it would later be closed. 
Both Barker and Wheeler require the use 
of antenna modeling software to deter-
mine the pre-match driver impedance.

The gamma match differs from the pre-
vious matching systems in that the calcu-
lations are not precise. Rather, they pro-
duce starter values that will require careful 
field adjustment (the gentler sounding 
term for trial and error). Figure 6 shows 
some of the reasons why the calculations 
are less than fully precise. The gamma 
system begins with a larger number of 
variables, some of which are the physical 
dimensions of the assembly components. 
We need to know or decide upon the main 
element diameter, the gamma rod diame-
ter and the center-to-center spacing be-
tween these two parts. Calculations usu-
ally proceed (although there have been 
variations) by treating the gamma assem-
bly as a section of parallel transmission 
line, shorted at the far end. The end result 
is a change in the position of the antenna 
feed point relative to the element without 
the gamma assembly. Most calculation 
systems do not take into account the far-
end shorting bar structure or the structure 
that supports the feed-line connector.

Practical gamma matches also include 
a number of variations on the ideal situa-
tion used in calculations. The rod may 
extend beyond the shorting bar. The re-
quired series capacitor may not be at the 
feed point, but may be somewhere along 
the gamma rod. This change of place-
ment alters the structure relative to the 
ideal form used for calculations, but not 
so much as to prevent you from devising 
a highly successful match. 

Figure 7 provides a photo of a practical 
gamma match that uses a tubular capaci-
tor within the central part of the rod. The 
gamma system is the only matching sys-
tem in this group that permits a direct con-
nection of the main element center to the 
boom. We cannot easily obtain the initial 
feed point impedance through modeling, 
however, when we connect the element to 
the boom, and the boom itself will have an 
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effect upon the feed point impedance.
The two major calculation systems have 

different sources but similar starting points. 
Both begin by calculating the characteris-
tic impedance of the presumed parallel 
transmission line formed by the main ele-
ment and the gamma rod or tube. The next 
step is to calculate the impedance step-up 
created by treating the gamma section as 
a short folded dipole or monopole. The fol-
lowing steps involve calculating the im-
pedance of the gamma section at the 
outer end. The impedance at the feed 
point then becomes a parallel combina-
tion of the transformed end impedance 
and the stepped feed-point impedance. 
The Healey-Wheeler method requires the 
user to insert trial values of the gamma 
rod length until the resulting resistive com-
ponent at the new feed point matches the 
target line Z0. The Tolles-Nelson-Leeson 
method calculates the gamma rod length.

The two systems do not produce iden-
tical results. As well, the results differ 
from the results of antenna modeling. Be-
cause NEC cannot effectively handle the 
gamma match, only a highly corrected 
version of MININEC (such as Antenna
Model) is adequate to the modeling task. 
Even MININEC cannot show the required 
variations that emerge from connecting 
the element to a central boom, however. 
Since gamma matches receive only spot 
checks rather than systematic compari-
son of calculations and/or models with 
physical antennas, all three methods are 
tentative guides, useful for beginning the 
process of designing a gamma match but 
always needing some field adjustment.

I have omitted the detailed equations 
used in the progression of gamma calcu-
lations because they are too numerous 
for our short space. For a more system-
atic look at the two major gamma calcula-
tion schemes, see “Notes on the Gamma 
Match,” (parts 1 and 2), antenneX, Sep 
and Oct 2006. The notes also include an 
extensive but inexhaustive set of com-
parisons with MININEC models of the 
gamma match.

In many ways, the gamma match is far 
more flexible than the series or beta 
matching systems. It works for elements 
connected to a conductive boom or for 
isolated driven elements. Within limits, it 
can handle impedances both higher and 
lower than the cable impedance. Never-
theless, the system always requires field 
adjustment (trial and error), since the cal-
culations are only approximations.

Conclusion
We have surveyed a number of options 

open to the modern beam builder for 
matching the impedance values at driven 
elements to the feed line and equipment. 
Series and beta calculations are both 
precise, under the condition that we know 
the actual velocity factor of the lines used 
in the matching efforts. Both series and 
beta matching systems, however, require 

that we use insulated driven elements 
relative to any conductive boom that may 
support the elements. (Of course, the 
parasitic element center points may be 
grounded to the boom.) 

An additional restriction on the beta 
match is that the driver impedance must 
be below the line impedance. The Bram-
ham system requires a resonant feed 
point impedance that matches one of the 
two line lengths used.

The gamma match system allows (but 
does not require) the builder to use what 
we once called “plumber’s delight” con-
struction methods with all elements con-
nected to the boom. It matches a wide 
range of impedances. The main calcula-
tion systems for the gamma match 
achieve only working approximations that 
require field adjustment, however.

Other matching methods exist. We may 
conduct beam matching at the shack-end 
of the line. As well, we may install more 
complex networks at the antenna feed 
point, so long as the assembly will support 
them easily. Match line and stub methods 
also exist. These alternatives, plus the 
ones that we have discussed, still only list 
some, but certainly not all, of the options.

For most of the items in this series, I 
have provided models of antennas dis-
cussed. Since we did not discuss any 
specific antennas, there are no models 
for this episode. I have made available a 
somewhat primitive spreadsheet, howev-
er, which includes all of the systems that 
I have listed. There are separate pages 
for the Healey-Wheeler and the Tolles-
Nelson-Leeson systems. In addition, the 
sheet contains a page for the match line 
and stub system, which is useful for an-
tennas such as the extended double 
Zepp.1 The sheets serve only to increase 
your options for easy calculation of the 
matching systems, since utility programs 
are also available from other sources.
1The spreadsheets are available in both Excel

and Quattro Pro formats at the ARRL Web 
site. Go to www.arrl.org/qexfiles and look 
for 3x08_AO.zip. 
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s m

  In the Next Issue of QEX
James Ahlstrom, N2ADR, describes 

his All-Digital SSB Exciter for HF. He 
explains his use of a field program-
mable gate array (FPGA) and an 
Ethernet link to a computer to create 
a 300 mW SSB exciter signal. A 
different program changes the FPGA 
to produce a CW transmitter. James 
uses this software defined radio 
(SDR) transmitter along with an SDR 
receiver. A power amplifier gives his 
station a 100 W output signal.

Cornell Drentea, KW7CD, com-
pletes his series about the design of 
his Star-10 transceiver. In this part, 
Cornell describes the product detector 
and audio DSP. He also introduces 
the 9 MHz transmitter IF and power 
amplifier stages. He concludes the 
article with detailed lab testing results.



62 QEX – Mar/Apr  2008

Upcoming Conferences
2008 Eastern VHF/UHF 

Conference

42nd Annual Central States
VHF Society Conference

Microwave Update 2008

July 24-26, 2008
Wichita, KS

The Central States VHF Society is soliciting 
papers, presentations, and Poster / table-
top displays for the 42nd Annual CSVHFS 
Conference to be held in Wichita, Kansas on 

October 17-18, 2008
Bloomington, MN

Call for Papers
Microwave Update 2008 will be held on 
Friday, October 17 through Saturday, 
October 18 in Bloomington, Minnesota. 

The 34th Annual Eastern VHF/UHF 
Conference will be held April 18-20, 2008, 
at the Crowne Plaza Hotel in Enfield, 
Connecticut.
The aim of the Conference is to share tech-
nical achievements in the field of communi-
cation and experimentation with our fellow 
VHF and above operators. You are all invited 
to participate by presenting a technical 
paper or submitting one for publication in the 
Conference Proceedings CD. Your atten-
dance is also welcome and we have a full 
program scheduled once again this year. 
For technical presentations, PowerPoint 
presentations are preferred, but not required. 
The conference will provide an LCD projec-
tor, screen and wireless microphone for use 
by its participants. If your presentation 
requires a different format such as a slide 
projector, please contact me prior to the 
conference and arrangements will be 
made. A Conference Proceedings will be 
published on CD. You do not need to be a 
speaker to have your material included in 
the proceedings; just be interested in shar-
ing with your fellow radio enthusiasts. If you 
are interested in presenting a paper at the 
conference or submitting one for the 
Proceedings, or need general information, 
please contact: Bruce Wood, N2LIV at 
n2liv@arrl.net. Deadline for receipt of 
papers is March 1, 2008.

April 18-20, 2008
Enfield, CT

April 25-26, 2008
Orlando, Florida

The 12th Annual Southeastern VHF Society 
Conference will be held April 25-26, 2008 in 
Orlando, Florida. Papers and presentations 
will cover both the technical and operational 
aspects of VHF, UHF and Microwave weak 
signal Amateur Radio. For further informa-
tion about the conference please go to 
www.svhfs.org or www.flwss.net.

12th Annual Southeastern
VHF Society Conference

A picture is worth a thousand words... 

 
With the 

ANTENNA MODELTM

 

wire antenna analysis program for Windows you 
get true 3D far field patterns that are far more 
informative than conventional 2D patterns or 
wire-frame pseudo-3D patterns. 
 

Describe the antenna to the program in an easy-
to-use spreadsheet-style format, and then with 
one mouse-click the program shows you the 
antenna pattern, front/back ratio, front/rear ratio, 
input impedance, efficiency, SWR, and more. 
 

An optional Symbols window with formula evalua-
tion capability can do your computations for you. 
A Match Wizard designs Gamma, T, or Hairpin 

matches for Yagi antennas. A Clamp Wizard calcu-
lates the equivalent diameter of Yagi element 
clamps. Yagi Optimization finds Yagi dimensions 
that satisfy performance objectives you specify. 
Major antenna properties can be graphed as a 
function of frequency. 
 

There is no built-in segment limit. Your models 
can be as large and complicated as your system 
permits. 
 

ANTENNA MODEL is only $90US. This includes 
a Web site download and a permanent backup 
copy on CD-ROM. Visit our Web site for more 
information about ANTENNA MODEL. 
 

Teri Software 
P.O. Box 277 

Lincoln, TX 78948 
 

www.antennamodel.com
e-mail sales@antennamodel.com 

phone 979-542-7952 
 

July 24-26, 2008. Papers, presentations, 
and posters on all aspects of weak-signal 
VHF and above amateur radio are requested. 
You do not need to attend the conference, 
nor present your paper to have it published 
in the proceedings. Posters will be displayed 
during the conference.
Submission Deadlines: 
Proceedings and for presentations to be 
delivered at the conference: May 15, 2008. 
Poster for display: July 1, 2008, for notifying 
us you will have a poster to be displayed at 
the conference. (Bring your poster with you 
on July 24!)
Please see the Web site at www.csvhfs.
org for more information.

Technical papers are currently being solic-
ited for publication in the ARRL’s Microwave 
Update 2008 Conference Proceedings. You 
do not need to attend the conference nor 
present your paper to have it published. 
Strong preference will be given to original 
work and to those papers that are written 
and formatted specifically for publication 
rather than as a presentation visual aid. 
This is a microwave conference, so papers 
must be on topics for frequencies above
900 MHz. Examples of such topics include 
microwave theory, construction, communi-
cation, deployment, propagation, antennas, 
activity, transmitters, receivers, components, 
amplifiers, communication modes, LASER, 
software design tools, and practical experi-
ences. Authors retain the basic copyright, 
and by submission, consent to publication in 
the Proceedings and possible publication of 
the Proceedings in CD/DVD format. If you 
are interested in submitting a paper please 
contact Jon Platt, WØZQ, at w0zq@aol.com
for additional information. The deadline for 
papers is Sunday, August 31, 2008. If you 
are interested in presenting at Microwave 
Update please contact Barry Malowanchuk, 
VE4MA, at ve4ma@shaw.ca.
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Letters to the Editor
A Low-Cost Atomic Frequency 
Standard (Nov/Dec 2007)

Hi Larry,
I am building John Raydo’s frequency 

standard. The little rubidium locked oscilla-
tor is working just fine on the bench and I’m 
busy installing it into a suitable Ten-Tec 
enclosure. Nifty! I think I’ll add a little LCD 
panel meter to monitor the operating 
parameters of the frequency standard unit.

Thanks for the very nice article in QEX,
and keep up the good work.

— Best regards, Bob McCulla, K7HBG, 
5025 E Pacific Coast Hwy 340, Long 
Beach, CA 90804; k7hbg@dslextreme.
com

Hi Bob,
Thanks for your kind words, and the note 

about this project. It’s nice to know that read-
ers find some of our projects helpful. 

— 73, Larry Wolfgang, WR1B, QEX
Editor; lwolfgang@arrl.org

A New Subscriber
Larry,
I just subscribed to QEX and received my 

first issue (Nov/Dec 07). 
Great job! The publication is awesome! 

How much for ALL the back issues? Well... 
I likely can’t afford that...

Thank for your hard work. I can’t wait to 
get the next issue.

—73, Steve Niles, N5EN, 11215 Monique 
Dr, Houston, TX 77065; n5en@arrl.net

Hi Steve,
Thanks for letting us know you enjoyed 

your first issue! We do have some back 
issues available, although not all of them. 
Back issues are $5 each, if there are a few 
particular articles of interest. Another solu-
tion for having a more complete collection of 
back issues would be to purchase the 
1981-1998 QEX Collection CD-ROM 
($39.95) and the annual ARRL Periodicals 
on CD-ROM from 1999 to the present 
($19.95 each). The annual Periodicals 
CD-ROM includes all issues of QST, QEX
and NCJ for that year. Back issues are avail-
able from ARRL and the CD-ROM products 
are available directly from ARRL or from 
your local ARRL Dealer. Call 888-277-5289 
or go to www.arrl.org/shop to order.

— 73, Larry, WR1B; lwolfgang@arrl.
org

Empirical Outlook (Nov/Dec 2007)
Hi OM, 
I saw your comment in QEX (Nov/Dec 

2007, p 2) on experiencing the BASIC Stamp. 
I used to use that product but then came upon 
what seems a far easier one to use and at less 
cost, too — the PICAXE units. This is also a 
PIC microcontroller with an on board BASIC 
interpreter. For $4.00 or so you can get an
8 or 14 pin unit that has PWM, ADC (10 bit 
3 pins), ASCII, Servo and other functions, and 
a very good technical support forum. The par-
ent company Web site in the UK is www.
picaxe.co.uk. Peter H. Anderson,KZ3K, 
(www.phanderson.com) extols their virtues 
and sells them. SparkFun Electronics (www.
sparkfun.com) also stocks the product. The 
best deal to start with I know of is from www.
world-educational-services.com; $15.95 
for a PICAXE 14M unit with circuit board, 
download cable and CD ROM.

The PICAXE was conceived as an educa-
tional product in the UK and funded by the 
petroleum industry to encourage young engi-
neers — it’s mainly been known and used in 
the UK, New Zealand and Australia, and only 
recently discovered by USA folks like me — 
through Professor Peter Anderson’s enthusi-
asm for it. Nuts & Volts published a few 
articles and more are reported to be in the 
works. Many articles have appeared in Silicon 
Chip magazine (by Stan Swan, a New 
Zealand ham) but unfortunately not much 
else in USA magazines. 

The programming is done with a free edi-
tor and three wire interface from a serial port 
(or USB adaptor) with two resistors as the 
PC to PICAXE interface. Many BASIC 
Stamp programs have been adapted to run 
on the PICAXE units, which as I’ve men-
tioned are less than $4.00. They also have 
up to 40 pin units, which I haven’t tried. I did 
run some 18 pin [18X] units, which have 
more capability and on board flash memory 
for about $9. 

Google PICAXE, and you will find the 
Rev-Ed site for manuals, free program editor 
and plenty more information. You can buy a 
starter kit for less than $20, if I remember 
correctly (I started several years ago). It’s 
quite amazing what these cheap little units 
can do (an early version with much more 
limited memory than the current 8M unit 
could be programmed to send Morse strings 
for instance).

I don’t in any way want to detract from 
what Parallax has done since they are great 
— there are also many other micro controller 
products that are faster and with more mem-
ory and speed. The PICAXEs are, in my 
opinion, simpler and cheaper for beginners, 
which at 71 years old, I still am! These are 
used by the hundreds in schools by 8 year 
olds and up. 

— 73, S. Premena, AJØJ, PO Box 1038, 
Boulder, CO 80306; premzee@juno.com

– TOO MANY TO LIST ALL –
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Mr. Premena,
Wow! Thanks for all of that information. 

We would certainly welcome some PICAXE 
projects for QEX from you or any of our 
readers.

— 73, Larry, WR1B; lwolfgang@arrl.org

Transmission Line Paradigm 
(Jul/Aug 2007)

Dear Editor,
There is an error in my article ‘Transmission 

Line Paradigm,” QEX, Jul/Aug 2007, pp 
40-44. The Voltage Equation and Current 
Equation given on page 41 do not jointly 
satisfy the Telegrapher’s Equations because 
the distance-time parameters are incorrect 
in those two equations. The correct equa-
tions are:

Voltage Equation:
V(d, t) = f(ct – d) + g(ct + d) [Eq 5]
Current Equation:
I(d, t) = [ f( ct – d) – g(ct + d) ] / Zo [Eq 6]
Beyond this glaring failure to satisfy the 

Telegrapher’s Equations, I do not see any 
heavy damage done to the article by the 
error. Although the distance-time parame-
ters determine directions traveled by the 
wave functions f and g, the directions of the 
mathematical waves are extraneous to the 
salient ideas developed in the article. In par-
ticular, the presentation of the Two-
Function Rule on page 41 is still valid. The 
trigonometry for Standing Waves on page 
42 can be reworked for the parameters 
given above, and it remains true that The 
Rule Unravels the Riddle on page 43. 

I apologize for the error, and thank Michael 
McCullough, KA6QJU, for spotting it.

— 73, Richard Thompson, W3ODJ, 3755 
Leonardtown Rd, Waldorf, MD 20601;
rfthompson@earthlink.net

A Large Aperture, Resonant, 
Regenerative Frame Antenna 
(LARRFA) (Jan/Feb 2007)

Dear Larry,
Here is a brief follow-up to the Large 

Aperture Resonant Regenerative Frame 
Antenna article published in QEX, Jan/Feb, 
2007:

 I have built and am operating a new ver-
sion, 12.5 inches square with a 2-turn signal 
winding and an 8-turn tickler winding, which 
performs well from below 6 MHz to almost 
6.2 MHz(49 m Broadcast Band). When noise 
inside my house is low enough, I can hear 
Chinese language from CRI emanating from 
well inside China. I can copy Radio Australia 
and Radio New Zealand regularly. 

(The central air conditioning and heating 
system in our new home blankets my listen-
ing area with “hash” when it is running. I 
don't want to open up this new system to 
install suppression, and moving the antenna 

and receiver is not an option. I just wait for a 
nighttime listening opportunity, when the 
AC/heating is not running and conditions 
are good for DX. Otherwise strong stations 
for news and other programs can some-
times be heard over the hash. I suspect that 
some of the signal I hear is being picked up 
by house wiring and coupled to the frame 
antenna. The antenna is not directional.)

 If this antenna does not oscillate, 
reverse not only the tickler winding but the 
leads to the signal winding. I don't know 
why, but it works.

 Leave the frame antenna winding dis-
connected from the electronics when not 
using the antenna. I lost a 2N3819 because 
of a nearby lightning strike. Maxwell was 
right. An intense electric current produces an 
intense magnetic field, which transfers 
enough energy to my windings to kill a JFET. 
Replacement of the 2N3819 wasn't too hard, 
and LARRFA/2 is working well again. 

 Relative humidity of the air around 
LARRFA/2 seems to have an effect on 
antenna gain, lowering it somewhat when 
humidity is high.

 My observation of gain variation with 
humidity is subjective only. I have no data to 
back it up. I have noticed that on humid days 
I can't push the gain as high as on dry days. 
On a good day, when the receiver and 
antenna are “peaked” on a weak signal, 
there is a persistent “buzzing” noise on the 
signal, which can be eliminated by backing 
the antenna gain off slightly. I can then “re-
peak” and try to hear the signal. I have read 

an evaluation for a high gain UK manufac-
tured active shortwave loop antenna. 
Apparently the same “buzzing” noise is a 
characteristic of that antenna. I have a lot of 
reserve audio gain, which helps, but the sys-
tem is never completely quite. There is 
always some background manmade or 
impulse noise. 

 I may get around to building new 
antenna windings to work with the existing 
electronics with as little solid material in the 
field of the windings as possible. A single, 
self supporting signal winding with a multi 
turn tickler somehow suspended inside the 
signal winding would be good. This configu-
ration should have a larger aperture for the 
same inductance. I have maybe two more 
feet of clear space above the surface hold-
ing the antenna to expand into. 

 Go to the Internet and enter “regenera-
tive loop antenna” on Google. You should 
see a reference to a Sony regenerative loop 
and an early regenerative loop built and 
operated by Vladimir Zworykin and his busi-
ness partner. He dropped that idea and 
went on to TV. 

— 73, Bill Young, WD5HOH, 4907 Grand 
Chateau Ln, Houston, TX 77084; bilaqui-
eta@yahoo.com

Hi Bill,
Thanks for the updates on your antenna. I 

hope others will find this information useful.
— 73, Larry, WR1B; lwolfgang@arrl.org
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